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1

SOUND SIGNAL PROCESSING DEVICE,
METHOD, AND PROGRAM

BACKGROUND

The present disclosure relates to a sound signal processing
device, method, and program. More specifically, it relates to
a sound signal processing device, method, and program for
performing sound source extraction processing.

The sound source extraction processing is used to extract
one target source signal from signals (hereinafter referred to
as “observation signals” or “mixed signals™) in which a plu-
rality of source signals are mixed to be observed with one or
more microphones. Hereinafter, the target source signal (that
is, the signal desired to be extracted) is referred to as a “target
sound” and the other source signals are referred to as “inter-
ference sounds”.

One of problems to be solved by the sound signal process-
ing device is to accurately extract a target sound if its sound
source direction and segment are known to some extent in an
environment in which there are a plurality of sound sources.

In other words, it is to leave only a target sound by remov-
ing interference sounds from observation signals in which the
target sound and the interference sounds are mixed, by using
information of a sound source direction and a segment.

The sound source direction as referred to here means a
direction of arrival (DOA) as viewed from the microphone
and the segment means a couple of a sound starting time (start
to be active) and a sound ending time (end being active) and
a signal included in the lapse of time.

For example, the following conventional technologies are
available which discloses processing to estimate the direction
and detect the segment of a plurality of sound sources.

(Conventional Approach 1) Approach Using an Image, in
Particular, a Position of the Face and Movement of the Lips

This approach is disclosed in, for example, Patent Docu-
ment 1 (Japanese Patent Application Laid-Open No.
10-51889). Specifically, by this approach, a direction in
which the face exists is judged as the sound source direction
and the segment during which the lips are moving is regarded
as an utterance segment.

(Conventional Approach 2) Detection of Speech Segment
Based on Estimated Sound Source Direction Accommodat-
ing a Plurality of Sound Sources

This approach is disclosed in, for example, Patent Docu-
ment 2 (Japanese Patent Application Laid-Open No. 2010-
121975). Specifically, by this approach, an observation signal
is subdivided into blocks each of which has a predetermined
length to estimate the directions of a plurality of sound
sources for each of the blocks. Next, directions of the sound
sources are tracked to interconnect them in the nearer direc-
tions in each block.

The following will describe the above problems, that is, to
“accurately extract a target sound if its sound source direction
and segment are known to some extent in an environment in
which there are a plurality of sound sources”.

The problem will be described in order of the following
items:

A. Details of the problem

B. Specific example of problem solving processing to
which the conventional technologies are applied

C. Problems of the conventional technologies

[A. Details of the Problem]

A description will be given in detail of the problem of the
technology of the present disclosure with reference to FI1G. 1.

It is assumed that there are a plurality of sound sources
(signal generation sources) in an environment. One of the
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2

sound sources is a “sound source of a target sound 11” which
generates the target sound and the others are “sound sources
of interference sounds 14” which generate the interference
sounds.

Itis assumed that the number of the target sound sources 11
is one and that of the interference sounds is at least one.
Although FIG. 1 shows one “sound source of the interference
sound 147, any other interference sounds may exist.

The direction of arrival of the target sound is assumed to be
known and expressed by variable 8. In FIG. 1, the sound
source direction 6 is denoted by numeral 12. The reference
direction (line denoting direction=0) may be set arbitrarily. In
FIG. 1 it is set as a reference direction 13.

If a sound source direction of the sound source of a target
sound 11 is a value estimated by utilizing, for example, the
above approaches, that is, any one of the:

(conventional approach 1) using an image, in particular, a
position of the face and movement of the lips, and

(conventional approach 2) detection of speech segment
based on estimated sound source direction accommodating a
plurality of sound sources, there is a possibility that 6 may
contain an error. For example, even if 6=m/6 radian (=30°),
there is a possibility that a true sound source direction may be
a different value (for example, 35°).

Although the direction of the interference sound is yet to be
known, it is assumed that it contains an error even if it is
known. This holds true also with the segment. For example,
even in an environment in which the interference sound is
active, there is a possibility that only its partial segment may
be detected or segment of it may be detected.

As shown in FIG. 1, n number of microphones are pre-
pared. They are the microphones 1 to n denoted by numerals
15to 17 respectively. Further, the relative positions among the
microphones are known.

Next, a description will be given of variables which are
used in the sound source extraction processing with reference
to the following equations (1.1 to 1.3).

In the specification, A_b denotes an expression in which
subscript suffix bis set to A, and A”b denotes an expression in
which superscript suffix b is set to A.

Xi(w, t)]

X(w, 1) =

Xulw, D
Y(w, 0 = W)X (w, D [L.2]
W(w) = [W (@), ... , Wy(w)] [1.3]

Let x_k(t) be a signal observed with the k-th microphone,
where T is time.

By performing short-time Fourier transform (STFT) on the
signal (which is detailed later), an observation signal Xk(m, t)
in the time-frequency domain is obtained, where

o is a frequency bin number, and

t is a frame number.

Let X(w, t) be a column vector of X_1(w, t) to X_n(w, t),
which is an observation signal with each microphone (Equa-
tion [1.1]).

By extraction of sound sources according to the present
disclosure, basically, an extraction result Y(w, t) is obtained
by multiplying the observation signal X(w, t) by an extracting
filter W (w) (Equation [1.2]), where the extracting filter W(w)
is arow vector including n number of elements and denoted as
Equation [1.3].



US 9,318,124 B2

3

The various approaches for extracting sound sources can
be classified on the basis of a difference in method for calcu-
lating the extracting filter W(w) basically.

[B. Specific Example of Problem Solving Processing to
which Conventional Technologies are Applied]

The approaches for realizing processing to extract a target
sound from mixed signals from a plurality of sound sources
are roughly classified into the following two approaches:

B1. sound source extraction approach and

B2. sound source separation approach.

The following will describe conventional technologies to
which those approaches are applied.

(B1. Sound Source Extraction Approach)

As the sound source extraction approach for extracting
sound sources by using known sound source direction and
segment, the following are known, for example:

B1-1: Delay-and-sum array;

B1-2: Minimum variance beamformer;

B1-3: Maximum SNR beamformer;

B1-4: Approach based on target sound removal and sub-
traction; and

B1-5: Time-frequency masking based on phase difference.

Those approaches all use a microphone array (in which a
plurality of microphones are disposed to the different posi-
tions). For their details, see Patent Document 3 (Japanese
Patent Application Laid-Open No. 2006-72163).

The following will outline those approaches.

(B1-1. Delay-and-sum Array)

If the different time delays are given to signals observed
with the different microphones and those observation signals
are summed in condition where phases of the signals in a
direction of a target sound are aligned, the target sound is
emphasized because of aligned phase and sound from in other
directions are attenuated because they are shifted in phase
respectively.

Specifically, letting S(w,0) be a steering vector correspond-
ing to a direction 6 (which is a vector giving a difference in
phase between the microphones on a sound coming in a
direction and will be detailed later), an extraction result is
obtained by using the following equation [2.1].

Y(w, 1) = S(w, 07 X(w, 1) [2.1]

Y(w, 1) = M(w, DX (w, 1) [2.2]
Xlw, 1) [2.3]

angle( o [))

Nw) =[S, &) ... S(w, 8] 2.4]

Z(w, ) = N X(w, ) [2.3]

In this equation, superscript “H” denotes Hermitian trans-
pose, by which a vector or matrix is transposed and its ele-
ments are transformed into conjugate complex numbers.

(B1-2. Minimum Variance Beamformer)

By this approach, only a target sound is extracted by form-
ing a filter which has a gain 1 (which means no emphasis nor
attenuation) in the direction of a target sound and a null beam
(which means a direction having a lower sensitivity and is
referred to a null beam also) in the direction of an interference
sound.

(B1-3. Maximum SNR Beamformer)

By this approach, a filter W(w) is obtained which maxi-
mizes V_s(w)/V_n(w), which is a ratio between the following
a) and b):
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a) V_s(w): Variance of a result obtained by applying an
extracting filter W(w) to a segment where only the target
sound is active

b) V_n(w): Variance of a result obtained by applying the
extracting filter W(w) to a segment where only the interfer-
ence sound is active

By this approach, the direction of the target sound is unnec-
essary if the respective segments can be detected.

(B1-4. Approach Based on Removal and Subtraction of
Target Sound)

A signal (target sound-removed signal) obtained by remov-
ing the target sound from the observation signals is formed
once and then this target sound-removed signal is subtracted
from the observation signal (or a signal in which the target
sound is emphasized by a delay-and-sum array etc.), thereby
giving only the target sound.

By the Griffith-Jim beamformer, which is one of the
approaches, ordinary subtraction is used as a subtraction
method. There is another approach such as a spectral subtrac-
tion etc., by which nonlinear subtraction is used.

(B1-5. Time-frequency Masking Based on Phase Difter-
ence)

By the frequency masking approach, the different frequen-
cies are multiplied by the different coefficients to mask (sup-
press) the frequency components dominant in the interfer-
ence sound while leaving the frequency components
dominant in the target sound, thereby extracting the target
sound.

By the time-frequency masking approach, the masking
coefficient is not fixed but changed as time passes by, so that
letting M(w, t) be the masking coefficient, extraction can be
denoted by Equation [2.2]. As the second term in the right-
hand side, an extraction result by means of any other approach
other than X_k(m, t) may be used. For example, the extraction
result by use of the delay-and-sum array (Equation[2.1]) may
be multiplied by the mask M(w, t).

Generally, the sound signal is sparse both in the frequency
direction and in the time direction, so that even if the target
sound and the interference sound become active simulta-
neously, there are many cases where the target sound is domi-
nant time-wise and frequency-wise. Some methods for find-
ing such times and frequencies would use a different in phase
of the microphones.

For time-frequency masking by use of phase difference,
see, for example, “Variant 1. Frequency Masking” described
in Patent Document 4 (Japanese Patent Application Laid-
Open No. 2010-20294). Although this example would calcu-
late the masking coefficient from a sound source direction and
a phase different which are obtained by independent compo-
nent analysis (ICA), the phase difference obtained by any
other approach can be applied. The following will describe
the frequency masking from a viewpoint of sound source
extraction.

For simplification, it is assumed that two microphones are
used. That is, in FIG. 2, the number of the microphones (n) is
two (n=2).

If there are no interference sounds, an inter-microphone
phase difference plot and a frequency plot follow almost the
same straight line. For example, if there is only one sound
source of the target sound 11 in FIG. 1, a sound from the
sound source arrives at the microphone 1 (denoted by
numeral 15) first and, after a constant lapse of time, arrives at
the microphone 2 (denoted by numeral 16).
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By comparing signals observed by those two microphones:

signal observed by the microphone 1 (denoted by 15):
X _1(w, ), and

signal observed by the microphone 2 (denoted by 16):
X_2(w, t), it is found that X_2(w, t) is delayed in phase.

Therefore, by calculating the phase difference between the
two by using Equation [2.4] and plotting a relationship
between the phase difference and the frequency bin number
, a correspondence relationship shown in FIG. 2 can be
obtained.

Phase difference dots 22 are on a straight line 21. A difter-
ence in arrival time depends on the sound source direction 6,
so that the gradient of the straight line 21 also depends on the
sound source direction 8. Angle (x) is a function to obtain the
angle of deviation of a complex number x as follows:

angle(dexp(ja))=a

If there are interference sounds, the phase of the observa-
tion signal is affected by the interference sounds, so that the
phase difference plot deviates from the straight line. The
magnitude of the deviation is largely dependent on the influ-
ence of the interference sounds. In other words, if the dot of
the phase difference at a frequency and at a time exists near
the straight line, the interference sounds have small compo-
nents at this frequency and at this time. Therefore, by gener-
ating and applying a mask that leaves the components at such
a frequency and at such a time while suppressing the others,
it is possible to leave only the components of a target sound.

FIG. 3 is an example where almost the same plot as FIG. 2
is provided in an environment where there are interference
sounds. A straight line 31 is similar to the straight line 21
shown in FIG. 2 but has phase-difference dots deviated from
the straight line owing to an influence of the interference
sounds. For example, a dot 33 is one of them. A frequency bin
having a dot largely deviated from the straight line 31 means
that the interference sounds have a large component, so that
such a frequency bin component is attenuated. For example,
a shift between the phase difference dot and the straight line,
that is, a shift 32 shown in FIG. 3 is calculated, so that the
larger this value is, the nearer the M(w, t) in Equation [2.2] is
set to 0, inversely, the nearer the phase difference dot is to the
straight line, the nearer the M(w, t) is set to 1.

Time-and-frequency masking has an advantage in that it
involves a smaller computational cost than the minimum
variance beamformer and the ICA and can also remove non-
directional interference sounds (environmental noise etc.,
sounds whose sound source directions are unclear). On the
other hand, it has a problem in that it involves occurrence of
discontinuous portions in the spectrum and, therefore, is
prone to occurrence of musical noise at the time of recovery
to waveforms.

(B2. Sound Source Separation Approach)

Although the conventional sound source extraction
approaches have been described above, a variety of sound
source separation approaches can be applied in some cases.
That is, after generating a plurality of sound sources becom-
ing active simultaneously by the sound source separation
approach, one target signal is selected by using information
such as a sound source direction.

The following may be enumerated as the sound source
separation approach.

B2-1. Independent component analysis (ICA)

B2-2. Null beamformer

B2-3. Geometric constrained source separation (GSS)
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The following will outline those approaches.

(B2-1. Independent Component Analysis: ICA)

A separation matrix W(w) is obtained so that each of the
components of Y (w), which is a result of applying W(w), may
be independent statistically. For details, see Japanese Patent
Application Laid-Open No. 2006-238409. Further, for a
method for obtaining a sound source direction from results of
separation by use of ICA, see the above Patent Document 4
(Japanese Patent Application Laid-Open No. 2010-20294).

Besides the ordinary ICA approach for generation results
of separation as many as the number of the microphones, a
method referred to as a deflation method is available for
extracting source signals one by one and used in analysis of
signals as, for example, a magneto-encephalography (MEG).
However, if the deflation method is applied simply to a signal
in the time frequency domain, a phenomenon occurs that
which one of the source signals is extracted first varies with
the frequency bin. Therefore, the deflation method is not used
in extraction of the time frequency signal.

(B2-2. Null Beamformer)

A matrix is generated in which steering vectors (whose
generation method is described later) corresponding to sound
source directions respectively are arranged horizontally, to
obtain its (pseudo) inverse matrix, thereby separating an
observation signal into the respective sound sources.

Specifically, letting 6_1 be the sound source direction of a
target sound and 6_2 to 6_m be the sound source directions of
interference sounds, a matrix N(w) is generated in which
steering vectors corresponding to the sound source directions
respectively are arranged horizontally (Equation [2.4]). By
multiplying the pseudo inverse matrix of N(w) and the obser-
vation signal vector X(w, t), a vector Z(w, t) is obtained which
has the separation results as its elements (Equation [2.5]). (In
the equation, the superscript # denotes the pseudo inverse
matrix.)

Since the direction of the target sound is 6_1, the target
sound is the top element in the Z(w, t).

Further, the first row of N(w)# provides a filter in which a
null beam is formed in the directions of all of the sound
sources other than the target sound.

(B2-3. Geometric Constrained Source Separation (GSS))

By obtaining a matrix W(w) that satisfies the following two
conditions, a separation filter can be obtained which is more
accurate than the null beamformer.

a) W(w) is a (pseudo) inverse matrix of N(w).

b) W(w) is statistically non-correlated with the application
result Z(w, t).

[C. Problems of Conventional Technologies]

Next, a description will be given of problems of the con-
ventional technologies described above.

Although the above example has set the target sound’s
direction and segment to be known, they may not typically be
obtained accurately. That is, there are the following problems.

1) The target sound’s direction may be inaccurate (contain
an error) in some cases.

2) The interference sound’s segment may not typically be
detected.

For example, by the method using an image, there is a
possibility that a misalignment between the camera and the
microphone array may give a disagreement between a sound
source direction calculated from the face position and a sound
source direction with respect to the microphone array. Fur-
ther, the segment may not be detected for the sound source not
related to the face position or the sound source out of the
camera angle of field.

By the approach based on sound source direction estima-
tion, there is trade-off between the accuracy of directions and
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its computational const. For example, if the MUSIC method
is used for sound source direction estimation, by decreasing
the angle steps in which the null beam is scanned, the accu-
racy is improved but the computational cost increases.

MUSIC stands for MUTItiple Slgnal Classification. From
the viewpoint of spatial filtering by which a sound in a spe-
cific direction is permitted to pass or suppressed, the MUSIC
method may be described as processing including the follow-
ing two steps (S1 and S2). For details of the MUSIC method,
see Patent Document 5 (Japanese Patent Application Laid-
Open No. 2008-175733) etc.

(S1) Generating a spatial filter that a null beam is directed
to all of sound sources which are active in a certain segment
(block), and

(S2) Scanning the directivity pattern (relationship between
the direction and the gain) of the filter, to obtain a direction in
which the null beam appears.

The sound source direction optimal to extraction varies
with the frequency bin. Therefore, if only one sound source
direction is obtained from all of the frequencies, a mismatch
occurs between the optimal value and some of the frequency
bins.

If the target sound direction is inaccurate or the interfer-
ence sound may not be detected in such a manner, some ofthe
conventional methods may be deteriorated in accuracy in
extraction (or separation).

In the case of using sound source extraction as previous
processing of any other processing (speech recognition or
recording), the following requirements should preferably be
satisfied:

low-delay (a small lapse of time elapses from the end of a
segment to the generation of extraction results (or separation
results); and

followability (high extraction accuracy is kept from the
start of the segment)

However, none of the conventional methods has satisfied
all of those requirements. The following will describe prob-
lems of the above approaches.

(C1. Problems of Delay-and-sum Array (B1-1))

Even with inaccurate directions, the influence is restrictive
to some extent.

However, if a small number of (for example, three to five)
microphones are used, the interference sounds are not attenu-
ated so much. That is, this approach has only an effect of
emphasizing the target sound to a small extent.

(C2. Problems of Minimum Variance Beamformer (B1-2))

If'there is an error in the direction of a target sound, extrac-
tion accuracy decreases rapidly. This is because if a direction
in which the gain is fixed to 1 disagrees with a true direction
of'the target sound, a null beam is formed also in the direction
of'the target sound to deteriorate the target sound also. That is,
a ratio between the target sound and the interference sound
(SNR) will not increase.

To address this problem, a method is available for learning
an extracting filter by using an observation signal in a segment
where the target sound is not active. However, in this case, all
of the sound sources other than the target sound need to be
active in this segment. In other words, the interference sound,
if present only in the segment in which the target sound is
active, may not be removed.

(C3. Problems of Maximum SNR Beamformer (B1-3))

It does not use a sound source direction and, therefore, is
not affected even by inaccurate direction of the target sound.

However, it needs to give both of:

a) a segment in which only the target sound is active, and

b) segment in which all of the sound sources other than the
target sound are active, and, therefore, may not be applied if
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any one of them may not be obtained. For example, if any one
of'the interference sounds is active almost at all times, a) may
not be obtained. Further, if there is an interference sound
active only in a segment in which the target sound is active, b)
may not be obtained.

(C4. Problems of Approach Based on Removal and Sub-
traction of Target Sound (B1-4))

Ifthere is an error in the direction of a target sound, extrac-
tion accuracy decreases rapidly. This is because if the direc-
tion of the target sound is inaccurate, the target sound is not
completely removed, so that if the signal is subtracted from an
observation signal, the target sound is also removed to some
extent.

That is, the ratio between the target sound and the interfer-
ence sound does not increase.

(C5. Problems of Time-frequency Masking Based on
Phase Difference (B1-5))

This approached suffers from inaccurate directions but is
not so much affected to some extent.

However, originally, there are not so large differences in
phase between the microphones at low frequencies, so that
accurate extraction is difficult.

Further, a discontinuous portion is liable to occur in a
spectrum, so that there is a case where musical noise may
occur at the time of recovery to waveforms.

There is another problem in that the spectrum of results of
processing of time-frequency masking is different from a
spectrum of a natural speech, so that if speech synthesis etc. is
utilized at the latter stage, extraction is possible (interference
sounds can be removed) but, in some cases, the accuracy of
speech recognition may not be improved in some cases.

Moreover, there is a possibility that if the degree of over-
lapping between the target sound and the interference sound
increases, masked portions increase, so that there is a possi-
bility that a sound volume as a result of extraction may
decrease of the degree of musical noise may increase.

(C6. Problems of Independent Component Analysis (ICA)
(B2-1))

This approach does not use a sound source direction, so
that no influence is given on separation even with inaccurate
directions.

However, this approach involves larger computational cost
than the other approaches and suffers from a large delay in
batch processing (which uses observation signals all over the
segments). Moreover, in the case of a single target sound,
even though only one of n number of (n: number of micro-
phones) separated signals is employed, the same computa-
tional cost and the same memory usage are necessary as those
in a case where n number of them are used. Besides, this
approach needs processing to select the signal and, therefore,
involves the correspondingly increased computational cost
and develops a possibility that a signal different from the
target sound may be selected, which is referred to as selection
error.

By providing real-time processing through applying shift
or on-line algorithms described in Patent Document 6 (Japa-
nese Patent Application Laid-Open No. 2008-147920), the
latency can be reduced but tracking lag occurs. That is, a
phenomenon occurs that a sound source which becomes
active first has low extraction accuracy near the start of a
segment and, as it gets nearer the end of the segment, the
extraction accuracy increases.

(C7. Problems of Null Beamformer (B2-2))

If the direction of an interference sound is inaccurate, the
separation accuracy decreases rapidly. This is because a null



US 9,318,124 B2

9

beam is formed in a direction different from the true direction
of the interference sound and, therefore, the interference
sound is not removed.

Further, the directions of all the sound sources in the seg-
ment including the interference sounds need to be known. The
undetected sound sources are not removed.

(C8. Problems of Geometric Constrained Source Separa-
tion (GSS) (B2-3))

This approach suffers from inaccurate directions but is not
so much affected to some extent.

In this approach also, the directions of all the sound sources
in the segment including the interference sounds need to be
known.

The above discussion may be summarized as follows: there
has been no approach satisfying all of the following require-
ments.

Even with the inaccurate direction of a target sound, its

influence is small.

Even if the segment and the direction of an interference

sound are unknown, the target sound can be extracted.

Small latency and high tracking capability.

For those technologies, see, for example, Japanese Patent
Application Laid-Open No. 10-51889 (Document 1), Japa-
nese Patent Application Laid-Open No. 2010-121975 (Docu-
ment 2), Japanese Patent Application Laid-Open No. 2006-
72163 (Document 3), Japanese Patent Application Laid-
Open No. 2010-20294 (Document 4), Japanese Patent
Application Laid-Open No. 2008-175733 (Document 5), and
Japanese Patent Application Laid-Open No. 2008-147920
(Document 6).

SUMMARY

In view of the above, the present disclosure has been devel-
oped, and it is an object of the present disclosure to provide a
sound signal processing device, method, and program that
can extract a sound source with small delay and high fol-
lowability and that is less affected even if, for example, the
direction of a target sound is inaccurate and can extract the
target sound even if the segment and the direction of an
interference sound are unknown.

For example, in one embodiment of the present disclosure,
a sound source is extracted by using a time envelope of a
target sound as a reference signal (reference).

Further, in the one embodiment of the present disclosure,
the time envelope of the target sound is generated by using
time-frequency masking in the direction of the target sound.

According to the first aspect of the present disclosure, there
is provided a sound signal processing device including an
observation signal analysis unit for receiving a plurality of
channels of sound signals acquired by a sound signal input
unit composed of a plurality of microphones mounted to
different positions and estimating a sound direction and a
sound segment of a target sound to be extracted, and a sound
source extraction unit for receiving the sound direction and
the sound segment of the target sound analyzed by the obser-
vation signal analysis unit and extracting a sound signal of the
target sound. The observation signal analysis unit has a short-
time Fourier transform unit for applying short-time Fourier
transform to the incoming multi-channel sound signals to
thereby generate an observation signal in the time-frequency
domain, and a direction-and-segment estimation unit for
receiving the observation signal generated by the short-time
Fourier transform unit to thereby detect the sound direction
and the sound segment of the target sound, and the sound
source extraction unit generates a reference signal which
corresponds to a time envelope denoting changes of the tar-
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get’s sound volume in the time direction based on the sound
direction and the sound segment of the target sound incoming
from the direction-and-segment estimation unit and extracts
the sound signal of the target sound by utilizing this reference
signal.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the sound source extrac-
tion unit generates a steering vector containing phase differ-
ence information between the plurality of microphones for
obtaining the target sound based on information of a sound
source direction of the target sound and has a time-frequency
mask generation unit for generating a time-frequency mask
which represents similarities between the steering vector and
the information of the phase difference calculated from the
observation signal including an interference sound, which is
a signal other than a signal of the target sound, and a reference
signal generation unit for generating the reference signal
based on the time-frequency mask.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the reference signal gen-
eration unit may generate a masking result of applying the
time-frequency mask to the observation signal and averaging
time envelopes of frequency bins obtained from this masking
result, thereby calculating the reference signal common to all
of the frequency bins.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the reference signal gen-
eration unit may directly average the time-frequency masks
between the frequency bins, thereby calculating the reference
signal common to all of the frequency bins.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the reference signal gen-
eration unit may generate the reference signal in each the
frequency bin from the masking result of applying the time-
frequency mask to the observation signal or the time-fre-
quency mask.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the reference signal gen-
eration unit may give different time delays to the different
observation signals at microphones in the sound signal input
unit to align the phases of the signals arriving in the direction
of the target sound and generate the masking result of apply-
ing the time-frequency mask to a result of a delay-and-sum
array of summing up the observation signals, and obtain the
reference signal from this masking result.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the sound source extrac-
tion unit may have a reference signal generation unit that
generates the steering vector including the phase difference
information between the plurality of microphones obtaining
the target sound, based on the sound source direction infor-
mation of the target sound, and generates the reference signal
from the processing result of the delay-and-sum array
obtained as a computational processing result of applying the
steering vector to the observation signal.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the sound source extrac-
tion unit may utilize the target sound obtained as the process-
ing result of the sound source extraction processing as the
reference signal.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the sound source extrac-
tion unit may perform loop processing to generate an extrac-
tion result by performing the sound source extraction pro-
cessing, generate the reference signal from this extraction
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result, and perform the sound source extraction processing
again by utilizing this reference signal an arbitrary number of
times.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the sound source extrac-
tion unit may have an extracting filter generation unit that
generates an extracting filter to extract the target sound from
the observation signal based on the reference signal.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may perform eigenvector selection processing to
calculate a weighted co-variance matrix from the reference
signal and the de-correlated observation signal and select an
eigenvector which provides the extracting filter from among a
plurality of the eigenvectors obtained by applying eigenvec-
tor decomposition to the weighted co-variance matrix.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may use a reciprocal of the N-th power (N:
positive real number) of the reference signal as a weight of the
weighted co-variance matrix, and perform, as the eigenvector
selection processing, processing to select the eigenvector cor-
responding to the minimum eigenvalue and provide it as the
extracting filter.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may uses the N-th power (N: positive real num-
ber) of the reference signal as a weight of the weighted co-
variance matrix, and perform, as the eigenvector selection
processing, processing to select the eigenvector correspond-
ing to the maximum eigenvalue and provide it as the extract-
ing filter.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may perform processing to select the eigenvector
that minimizes a weighted variance of an extraction result Y
which is a variance of a signal obtained by multiplying the
extraction result by, as a weight, a reciprocal of the N-th
power (N: positive real number) of the reference signal and
provide it as the extracting filter.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may perform processing to select the eigenvector
that maximizes a weighted variance of an extraction result Y
which is a variance of a signal obtained by multiplying the
extraction result by, as a weight, the N-th power (N: positive
real number) of the reference signal and provide it as the
extracting filter.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may perform, as the eigenvector selection pro-
cessing, processing to select the eigenvector that corresponds
to the steering vector most extremely and provide it as the
extracting filter.

Further, according to one embodiment of the sound signal
processing of the present disclosure, the extracting filter gen-
eration unit may perform eigenvector selection processing to
calculate a weighted observation signal matrix having a recip-
rocal of the N-th power (N: positive integer) of the reference
signal as its weight from the reference signal and the de-
correlated observation signal and select an eigenvector as the
extracting filter from among the plurality of eigenvectors
obtained by applying singular value decomposition to the
weighted observation signal matrix.

Further, according to another embodiment of the present
disclosure, there is provided a sound signal processing device
including a sound source extraction unit that receives sound
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signals of a plurality of channels acquired by a sound signal
input unit including a plurality of microphones mounted to
different positions and extracts the sound signal of a target
sound to be extracted, wherein the sound source extraction
unit generates a reference signal which corresponds to a time
envelope denoting changes of the target’s sound volume in
the time direction, based on a preset sound direction of the
target sound and a sound segment having a predetermined
length, and utilizes this reference signal to thereby extract the
sound signal of the target sound in each of the predetermined
sound segment.

Further, according to another embodiment of the present
disclosure, there is provided a sound signal processing
method performed in the sound signal processing device, the
method including an observation signal analysis step by the
observation signal analysis unit of receiving a plurality of
channels of sound signals acquired by the sound signal input
unit composed of a plurality of microphones mounted to
different positions and estimating a sound direction and a
sound segment of a target sound to be extracted, and a sound
source extraction step by the sound source extraction unit of
receiving the sound direction and the sound segment of the
target sound analyzed by the observation signal analysis unit
and extracting a sound signal of the target sound. The obser-
vation signal analysis step may perform short-time Fourier
transform processing to apply short-time Fourier transform to
the incoming multi-channel sound signals to thereby generate
an observation signal in the time-frequency domain, and
direction-and-segment estimation processing to receive the
observation signal generated by the short-time Fourier trans-
form processing to thereby detect the sound direction and the
sound segment of the target sound, and in the sound source
extraction step, a reference signal which corresponds to a
time envelope denoting changes of the target’s sound volume
in the time direction is generated on the basis of the sound
direction and the sound segment of the target sound incoming
from the direction-and-segment estimation step, to extract the
sound signal of the target sound by utilizing this reference
signal.

Further, according to another embodiment of the present
disclosure, there is provided a program having instructions to
cause the sound signal processing device to perform sound
signal processing, the processing including an observation
signal analysis step by the observation signal analysis unit of
receiving a plurality of channels of sound signals acquired by
the sound signal input unit composed of a plurality of micro-
phones mounted to different positions and estimating a sound
direction and a sound segment of a target sound to be
extracted, and a sound source extraction step by the sound
source extraction unit of receiving the sound direction and the
sound segment of the target sound analyzed by the observa-
tion signal analysis unit and extracting a sound signal of the
target sound. The observation signal analysis step may per-
form short-time Fourier transform processing to apply short-
time Fourier transform to the incoming multi-channel sound
signals to thereby generate an observation signal in the time-
frequency domain, and direction-and-segment estimation
processing to receive the observation signal generated by the
short-time Fourier transform processing to thereby detect the
sound direction and the sound segment of the target sound,
and in the sound source extraction step, a reference signal
which corresponds to a time envelope denoting changes of the
target’s sound volume in the time direction is generated on the
basis of the sound direction and the sound segment of the
target sound incoming from the direction-and-segment esti-
mation step, to extract the sound signal of the target sound by
utilizing this reference signal.
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The program of the present disclosure can be provided, for
example, in a computer-connectable recording medium or
communication medium to an image processing device or a
computer system which can execute a variety of program
codes. By providing such a program in a format that can be
connected to the computer, processing corresponding to the
program is realized in the image processing device or the
computer system.

The other objects, features, and advantages of the present
disclosure will become apparent from the following detailed
description of the embodiments and the accompanying draw-
ings of the present disclosure. A term “system” in the present
specification means a logical composite configuration of a
plurality of devices and is not limited to the same frame
including the configurations of the devices.

According to the configuration of one embodiment of the
present disclosure, a device and method are realized of
extracting a target sound from a sound signal in which a
plurality of sounds are mixed.

Specifically, the observation signal analysis unit estimates
a sound direction and a sound segment of the target sound to
be extracted by receiving the multi-channel sound signal from
the sound signal input unit which includes a plurality of
microphones mounted to different positions, and the sound
source extraction unit receives the sound direction and the
sound segment of the target sound analyzed by the observa-
tion signal analysis unit and extracts the sound signal of the
target sound.

For example, short-time Fourier transform is performed on
the incoming multi-channel sound signal to thereby obtain an
observation signal in the time frequency domain, and based
on the observation signal, a sound direction and a sound
segment of the target sound are detected. Further, based on the
sound direction and the sound segment of the target sound, a
reference signal which corresponds to a time envelope denot-
ing changes of the target’s sound volume in the time direction
is generated and utilized to extract the sound signal of the
target sound.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is an explanatory view of one example of a specific
environment in the case of performing sound source extrac-
tion processing;

FIG. 2 1is a view showing a relational graph between a phase
difference of sounds input to a plurality of microphones and
frequency bin numbers w;

FIG. 3 is a view showing a relational graph between a phase
difference of sounds input to the plurality of microphones
similar to those in FIG. 2 and frequency bin numbers w in an
environment including an interference sound;

FIG. 4 is a diagram showing one configuration example of
a sound signal processing device;

FIG. 5 is an explanatory diagram of processing which is
performed by the sound signal processing device;

FIG. 6 is an explanatory view of one example of a specific
processing sequence of sound source extraction processing
which is performed by a sound source extraction unit;

FIG. 7 is an explanatory graph of a method for generating
a steering vector;

FIG. 8 is an explanatory view of a method for generating a
time envelope, which is a reference signal, from a value of a
mask;

FIG. 9 is a diagram showing one configuration example of
the sound signal processing device;

FIG. 10A is an explanatory view of details of short-time
Fourier transform (STFT) processing;
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FIG. 10B is another explanatory view of the details of the
short-time Fourier transform (STFT) processing;

FIG. 11 is an explanatory diagram of details of a sound
source extraction unit;

FIG. 12 is an explanatory diagram of details of an extract-
ing filter generation unit;

FIG. 13 shows an explanatory flowchart of processing
which is performed by the sound signal processing device;

FIG. 14 shows an explanatory flowchart of details of the
sound source extraction processing which is performed in
step S104 of the flow in FIG. 13;

FIG. 15 is an explanatory graph of details of segment
adjustment which is performed in step S201 of the flow in
FIG. 14 and reasons for such processing;

FIG. 16 shows an explanatory flowchart of details of
extracting filter generation processing which is performed in
step S204 in the flow in FIG. 14;

FIG. 17A is an explanatory view of an example of gener-
ating the reference signal common to all frequency bins and
an example of generating the reference signal for each fre-
quency bin;

FIG. 17B is another explanatory view of the example of
generating the reference signal common to all the frequency
bins and the example of generating the reference signal for
each frequency bin; and

FIG. 18 is an explanatory diagram of an embodiment in
which a sound is recorded through plurality of channels and,
when it is replayed, the present disclosure is applied;

FIG. 19 is an explanatory flowchart of processing to gen-
erate an extracting filter by using singular value decomposi-
tion;

FIG. 20 is an explanatory flowchart of a real-time sound
source extraction processing sequence of generating and out-
putting results of extraction with a low delay without waiting
for the end of utterance by setting the segment of an obser-
vation signal to a fixed length;

FIG. 21 is an explanatory flowchart of details of sound
source extraction processing to be performed in step S606 of
the flowchart in FIG. 20;

FIG. 22 is an explanatory view of processing to cut out a
fixed-length segment from the observation signal;

FIG. 23 is explanatory view of an incorporation environ-
ment in which an evaluation experiment was performed to
check effects of the sound source extraction processing
according to the present disclosure;

FIG. 24 is an explanatory table of SIR-improved data by
the sound source extraction processing according to the
present disclosure and each of conventional methods; and

FIG. 25 is a table of data to compare calculation amounts of
the sound source extraction processing according to the
present disclosure and each of the conventional methods, the
table showing the average CPU processing time of each
method.

DETAILED DESCRIPTION OF THE
EMBODIMENTS

Hereinafter, preferred embodiments of the present disclo-
sure will be described in detail with reference to the appended
drawings. Note that, in this specification and the appended
drawings, structural elements that have substantially the same
function and structure are denoted with the same reference
numerals, and repeated explanation of these structural ele-
ments is omitted.

The following will describe in detail a sound signal pro-
cessing device, method, and program with reference to the
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drawings. In the present specification, there may be cases
where FIG. 17A, FIG. 17B, etc. are expressed as FIG. 17a,
FIG. 175, etc. respectively.

A description will be given in detail of processing along the
following items:

1. Outline of configuration and processing of sound signal
processing device

1-1. Configuration and overall processing of sound signal
processing device

1-2. Sound source extraction processing using time enve-
lope of target sound as reference signal (reference)

1-3. Processing of generating time envelope of target sound
by using time-frequency masking from direction of target
sound

2. Detailed configuration and specific processing of sound
signal processing device of the present disclosure

3. Variants

4. Summary of effects of processing of the present disclo-
sure

5. Summary of configuration of the present disclosure

The following will describe those in this order.

As described above, the following notations are assumed:

A_b means that subscript suffix b is set to A; and

A’b means that superscript suffix b is set to A.

Further, conj(X) denotes a conjugate complex number of
complex number X. In equations, the conjugate complex
number of X is denoted as X plus superscript bar.

hat(x) means x plus superscript .

Substitution of a value is expressed as or “«". In
particular, a case where the equality sign does not hold true
between the two sides of an equation (for example, “x<—x+1")
is expressed by “<".

[1. Outline of Configuration and Processing of Sound Sig-
nal Processing Device]

A description will be given of the outline of a configuration
of processing of a sound signal processing device of the
present disclosure.

(1-1. Configuration and Overall Processing of Sound Sig-
nal Processing Device)

FIG. 4 shows a configuration example of a sound signal
processing device of the present disclosure.

As shown in FIG. 4, a sound signal processing device 100
has a sound signal input unit 101 composed of a plurality of
microphones, an observation signal analysis unit 102 for
receiving an input signal (observation signal) from the sound
signal input unit 101 and performing analysis processing on
the input signal, specifically, for example, detecting a sound
segment and a direction of a target sound source to be
extracted, and a sound source extraction unit 103 for detect-
ing a sound of the target sound source from the observation
signal (signal in which a plurality of sounds are mixed) in
each sound segment of a target sound detected by the obser-
vation signal analysis unit 102. A result 110 of extracting the
target sound generated by the sound source extraction unit
103 is output to, for example, a latter-stage processing unit for
performing processing such as speech recognition, for
example.

A description will be given of a specific processing
example of each of the processing units shown in FIG. 4 with
reference to FIG. 5.

FIG. 5 individually shows each processing as follows:

Step S01: sound signal input

Step S02: segment detection

Step S03: sound source extraction
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Those three processing pieces correspond to those by the
sound signal input unit 101, the sound segment detection unit
102, and the sound source extraction unit 103 shown in FIG.
4 respectively.

The sound signal input processing in step SO01 corresponds
to a situation in which the sound signal input unit 101 shown
in FIG. 4 is receiving sound signals from a plurality of sound
sources through a plurality of microphones.

An example shown in the figure shows a state where the
following:

“SAYOUNARA” (good-bye),

“KONNICHIWA” (how are you?), and

music piece
from the respective three sound sources are being observed.

Segment detection processing in step S02 is performed by
the observation signal analysis unit 102 shown in FIG. 4. The
observation signal analysis unit 102 receives the input signal
(observation signal) from the sound signal input unit 101, to
detect the sound segment of a target sound source to be
extracted.

In the example shown in the figure, the segments (sound
segments) of:

“SAYOUNARA” (good-bye)’s speech segment=(3),

“KONNICHIWA” (how are you?)’s speech segment=(2),
and

music piece’s speech segment=(1) and (4)
are detected.

Sound source extraction processing in step S03 is per-
formed by the sound source extraction unit 103 shown in FIG.
4. The sound source extraction unit 103 extracts a sound of the
target sound source from the observation signal (in which a
plurality of sounds are mixed) in each of the sound segment of
the target sound detected by the observation signal analysis
unit 102.

Inthe example shown in the figure, the sound sources of the
sound segments of:

“SAYOUNARA” (good-bye)’s speech segment=(3),

“KONNICHIWA” (how are you?)’s speech segment=(2),
and

music piece’s speech segment=(1) and (4)
are extracted.

A description will be given of one example of a specific
processing sequence of the sound source extraction process-
ing performed by the sound source extraction unit 103 in step
S03 with reference to FIG. 6.

FIG. 6 shows a sequence of the sound source extraction
processing which is performed by the sound source extraction
unit 103 as four processing pieces of steps S11 to S14.

Step S11 denotes a result of processing of cutting out a
sound segment-unitary observation signal of the target sound
to be extracted.

Step S12 denotes a result of processing of analyzing a
direction of the target sound to be extracted.

Step S13 denotes processing of generating a reference
signal (reference) based on the sound segment-unitary obser-
vation signal of the target sound acquired in step S11 and the
direction information of the target sound acquired in step S12.

Step S14 is processing of obtaining an extraction result of
the target sound by using the sound segment-unitary obser-
vation signal of the target sound acquired in step S11, the
direction information of the target sound acquired in step S12,
and the reference signal (reference) generated in step S13.

The sound source extraction unit 103 performs the process-
ing pieces in steps S11 to S14 shown in, for example, FIG. 6
to extract the target sound source, that is, generate a sound
signal composed of the target sound from which undesirable
interference sounds are removed as much as possible.
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Next, a description will be given in detail of the following
two of the processing pieces to be performed in the sound
signal processing device of the present disclosure sequen-
tially.

(1) sound source extraction processing using a time enve-
lope of target sound as reference signal (reference); and

(2) target sound time envelope generation processing using
timer frequency masking from target sound’s direction.

(1-2. Sound Source Extraction Processing Using Target
Sound Time Envelope as Reference Signal (Reference))

First, a description will be given of sound source extraction
processing using a target sound’s time envelope as a reference
signal (reference).

It is assumed that a time envelope of a target sound is
known and the time envelope takes on value r(t) in frame t.
The time envelope is the outlined shape of a change in sound
volume in the time direction. From the nature of the envelope,
r(t) is a real number and not less than O typically. Generally,
any signals originating from the same sound source have
similar time envelopes even at the different frequency bins.
That is, there is a tendency that at a moment when the sound
source is active loudly, all the frequencies have a large com-
ponent, and at a moment when it is active low, all the frequen-
cies have a small component.

Extraction result Y(w, t) is calculated using the following
equation [3.1] (which is the same as Equation [1.2]) on the
assumption that the variance of the extraction result is fixed to
1 (Equation [3.2]).

Y(w, 1) = W)X (w, 1) [3.1]
(Yo, 0y, =1 [3:2]
Y (w, D2 [3.3]
W) = ammn = >
_ . X (w, DX (w, " [3.4]
Ww) = aru%(rB)JnW(w)<T>rW(w)
1 [3.5]
Z(w, 1) = Frid Y(w, D)
r([)N/Z [3.6]
[Y(w, 0l = R
Gy, = R [3.7]
W () = argmin|¥ (@, 1) = r0)), [3.8]
Wiw)
[3.9]

W(w) = argmax(real(Y (w, Nr(1)),
W)

However, in Equation [3.2], <@>_t denotes calculating an
average of the inside of the parentheses in a predetermined
range of frame (for example, segment in which the target
sound is active).

For the time envelope r(1), its scale may be arbitrary.

The constraints of Equation [3.2] are different from those
of'the scale of the target sound, so that after an extracting filter
is obtained once, processing is performed to control a scale of
the extraction result to an appropriate value. This processing
is referred to as “rescaling”. Details of the rescaling will be
described later.

Under the constraints of Equation [3.2], it is desired to get
the outlined shape of 1Y(w, t)l, the absolute value of the
extraction result, in the time direction close to r(t) as much as
possible. Further, different from r(t), 1Y (w, t)| is the signal of
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a complex number, so that its phase should desirably be
obtained appropriately. To obtain an extracting filter to gen-
erate such an extraction result, W(w) which minimizes the
right-hand side of Equation [3.3] is obtained. (Through Equa-
tion [3.1], Equation [3.3] is equivalent to Equation [3.4].)

In those, N is a positive real number (for example, N=2).

The thus obtained W(w) provides a filter to extract the
target sound. The reason will be described as follows.

Equation [3.3] can be interpreted as a variance of a signal
(Equation [3.5]) obtained by multiplying Y(w, t) by a weight
of 1/r(t)"(N/2). This is referred to as weighted variance mini-
mization (or weighted least-square method), by which if Y(w,
t) has no constraints other than Equation [3.2] (if there is no
relationship of Equation [3.1]), Equation [3.3] takes on a
minimum value of 1/R"2 as long as Y(w, t) satisfies Equation
[3.6] at all values of't. In this case, R"2 is an average of r(t)"N
(Equation [3.7]).

Hereinafter:

term of <@>_t in Equation [3.3] is referred to as “weighted
variance of extraction result” and

term of <@>_t in Equation [3.4] is referred to as “weighted
co-variance matrix of observation signal”.

That is, if a difference in scale is ignored, the right-hand
side of Equation [3.3] is minimized when the outline of the
extraction result | Y(w, t)| agrees with the reference signal r(t).

The following relationships hold true:

observation signal: X(w, 1),

target sound extracting filter: W(w), and

extraction result: Y(w, t).

Those relationships are of Equation [3.1], so that the
extraction result does not completely agree with Equation
[3.6], thereby minimizing Equation [3.3] in a range in which
Equations [3.1] and [3.2] are satisfied. As a result, the phase of
the extraction result of Y(w, t) is obtained appropriately.

As the method for bringing the reference signal and a target
signal close to each other, generally the least-square error
method can be applied. That is, this method minimizes a
square error between the reference signal and the target sig-
nal. However, in problem establishment of the present disclo-
sure, time envelope r(t) in frame t is a real number but extrac-
tion result Y (w, t) is a complex number, so that even if a target
sound extracting filter of W(w) is introduced as a problem of
minimizing the square error between the two (Equation [3.8]
or[3.9] is also equivalent), W(w) only maximizes the real part
of Y(w, t), failing to obtain the target sound. That is, by the
conventional method, even if a sound source is extracted
using the reference signal, it is different from that by the
present disclosure as long as Equation [3.8] or [3.9] is used.

Next, a description will be given of a procedure for obtain-
ing a target sound extracting filter W(w) with reference to the
following equation [4.1] and the subsequent.

X'(w, D) = P)X (w, 1) [4.1]
(X' (w, DX (w, My, =1 [4.2]
R(w) = (X (w, DX(w, D7, [4.3]
R(w) = V()D(w)V(w)! [4.4]
V(w) = [Vi(w), ... , V()] [4.5]

d, (w) 0 [4.6]
D(w) ) \ ]

0 dp(w)
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-continued
P(w) = V(w)D(w) 2V ()" [4.7]
Y(w, 1) = W (@)X (w, 1) [4.8]
W (W () =1 [4.9]
’ ¢ H 4.10
W (w) = argminw’(w)< X, DX (W, 17 XN((”’ D) W oy (4101
W(w) r(z) '
X' (@, DX (w, 0"y " [4.11]
<T>, = A(W)B(w)A(w)
Alw) = [A1(w), ... , Ay(w)] [4.12]
" 0 (izk) [4.13]
Ai(w) Ak(w)—{l =k
by (w) 0 [4.14]
B(w) = ]
0 b, (w)
W (w) = Al(w)? [4.14]

The target sound extracting filter W(w) can be calculated
with a closed form (equation with no iterations) in accordance
with the following procedure.

First, as denoted by Equation [4.1], de-correlation is per-
formed on the observation signal X(w, t).

Let P(w) be the de-correlating matrix, and X' (w, t) be an
observation signal to which de-correlation is applied (Equa-
tion [4.1]). X' (w, 1) satisfies Equation [4.2].

To obtain the de-correlating matrix P(w), the covariance
matrix R(w) of the observation signal is calculated once
(Equation [4.3]), and then eigenvalue decomposition is
applied to R(w) (Equation [4.4]).

In Equation [4.4],

V(w) is a matrix (Equation [4.5]) including eigenvectors
V_1(w) through V_n(w), and

D(w) is a diagonal matrix including elements of eigenval-
ues d_1(w) through d_n(w) (Equation [4.6]).

The de-correlating matrix P(w) is calculated as given in
Equation [4.7] by using those V(w) and D(w). V(w) is an
orthonormal matrix and satisfies V(w)"H V(w)=1. (The ele-
ments of V(w) are each a complex number, so that it is a
unitary matrix strictly.)

After performing de-correlation given in Equation [4.1], a
matrix W' () that satisfies Equation [4.8] is obtained. The
left-hand side of Equation [4.8] is the same extraction result
as the left-hand side of Equation [3.1]. That is, instead of
directly obtaining the filter W(w) which extracts the target
sound from the observation signal, the filter W' (w) is obtained
which extracts the target sound from the de-correlated obser-
vation signal X' (w, t).

To do so, a vector W' (w) that minimizes the right-hand side
of Equation [4.10] can be obtained under the constraints of
Equation [4.9]. The constraints of Equation [4.9] can be
derived from Equations [3.2], [4.2], and [4.8]. Further, Equa-
tion [4.10] can be obtained from Equations [3.4] and [4.8].

W' () that minimizes the right-hand side of Equation
[4.10] can be obtained by performing eigenvalue decompo-
sition on the term (part of <@>_t) of the weighted co-variance
matrix in this equation again. That is, by decomposing the
weighted co-variance matrix into such products as given in
Equation [4.11] and providing a matrix including eigenvec-
tors A_1(w) through A_n(w) as A(w) (Equation [4.12]) and a
diagonal matrix including eigenvalues b_1(w) through b_n
(w) as B(w) (Equation [4.14]), the W' (w)) is obtained by
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performing Hermitian transpose on one of the eigenvectors
(Equation [4.14]). A method for selecting the appropriate one
from among the eigenvectors A_1(w) through A_n(w).

The eigenvectors A_1(w) through A_n(w) are mutually
orthogonal and satisfy Equation [4.13]. Therefore, W' (w)
obtained with Equation [4.14] satisfies the constraints of
Equation [4.9].

W' (w), if obtained, is combined with the de-correlating
matrix P(w) to obtain an extracting filter as well. (The specific
equation will be described later.)

Next, a method for selecting an appropriate one as an
extracting filter from among the eigenvectors A_1(w) through
A_n(w) given in Equation [4.12] will be described with ref-
erence to the following Equation [5.1] and the subsequent.

I = ergminlby ()] [5.1]
F(w) = P (w)A (@) [5.2]
Sk (@) [5.3]
Fulwy=|
Sk ()
fie @) /1 fu (@)l [54]
Fi(w) = :
Sk (@) [ fuic ()]
[ = argmax]|F} ()" S(w, O)I] [5.5]
k
Fr(w) = R(@)Ar (@) [5.6]

The following two methods may be possible to select an
appropriate one as the extracting filter from among the eigen-
vectors A_1(w) through A_n(w):

selection method 1: selecting eigenvector corresponding to
the minimum eigenvalue

selection method 2: selecting eigenvector corresponding to
the sound source direction 0

The following will describe the selection methods respec-
tively.

(Selection Method 1: Selecting Eigenvector Correspond-
ing to the Minimum Eigenvalue)

A_i(w)"H is employed as W' (w) in accordance with Equa-
tion [4.14] and substituted in the right-hand side of Equation
[4.10], to leave only b_1(w), which is an eigenvalue corre-
sponding to A_1(w), in a part following “arg min” in the
right-hand side, where “1” is a small letter of “L”.

In other words, letting b_1(w) be the minimum in n eigen-
values, W' (w) that minimizes the right-hand sides of Equa-
tions [5.1] and [4.10] is A_1(w)"H, whose minimum value is
b_1(w).

(Selection Method 2: Selecting Eigenvector Correspond-
ing to the Sound Source Direction 8)

Although in the description of the null beamformer, it has
been explained that the separation matrix could be calculated
from a steering vector corresponding to the sound source
direction, conversely, a vector comparable to a steering vector
can also be calculated from the separation matrix or the
extracting filter.

Therefore, it is possible to select an optimal eigenvector as
an extracting filter of the target sound by converting each of
the eigenvectors into vectors comparable to the steering vec-
tor and comparing similarities between those vectors and the
starring vector corresponding to the direction of the target
sound.
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The eigenvector A_k(w) is multiplied by the inverse vector
of'the de-correlating matrix P(w) given in Equation [4.7] from
the left to provide F_k(w) (Equation [5.2]). Then, the ele-
ments of F_k(w) are given by Equation [5.3]. This equation
corresponds to inverse operations of N(w) # in Equation [2.5]
described with the dead angel beamformer, and F_k(w) is a
vector corresponding to the steering vector.

Accordingly, the similarity of the respective vectors F_1
() through F_n(w) comparable to the steering vectors cor-
responding to the eigenvectors A_1(w) through A_n(w) may
well be obtained with the steering vector S(w, 6) correspond-
ing to the target sound so that selection can be performed on
the basis of those similarities. For example, if F1(w) has the
highest similarity, A_1(w) H is employed as W' (w), where
“1” is the small letter “L”.

Therefore, A vector F'_k(w) calculated by dividing the
elements of F_k(w) by the absolute values of themselves
respectively is prepared (Equation [5.5]), to calculate the
similarity by using an inner product of F'_k(w) and S(w, 0)
(Equation[5.5]). Then, an extracting filter may well be
selected from F'_k(w) that maximizes the absolute value of
the inner product. F'_k(w) is used in place of F_k(w) in order
to exclude the influences of fluctuations in sensitivity of the
microphones.

The same value can be obtained even if Equation [5.5] is
used in place of Equation [5.2]. (R(w) is a covariance matrix
of the observation signal and calculated using Equation
[4.3]1.)

An advantage of this method is small side effects of the
sound source extraction as compared to selection method 1.
For example, in a case where the reference signal shifts sig-
nificantly from a time envelope of the target sound owing to
an error in generation of the reference signal, an eigenvector
selected by selection method 1 may possibly be an undesired
one (for example, filter which emphasizes the interference
sound).

By selection method 2, the direction of the target sound is
reflected in selection, so that there is a high possibility that an
extracting filter may be selected which would emphasize the
target sound even in the worst case.

(1-3. Method for Generating Time Envelope of Target
Sound by Using Time-frequency Masking from Direction of
Target Sound)

Next, a description will be given of time-frequency mask-
ing and time envelope generation as one method for generat-
ing a reference signal from the direction of a target sound.
Sound source extraction by means of time-frequency mask-
ing has a problem in that musical noise occurs and separation
accuracy at low frequencies is insufficient (in the case of mask
generation based on phase differences); however, this prob-
lem can be avoided by restricting the utilization purposes to
the generation of time envelopes.

Although the conventional methods have been described
with the case where the number of the microphones have been
limited to two, the following will describe an example where
a method is used which depends on the similarity between a
steering vector and an observation signal vector on the
assumption that the number of channels is at least two.

The following two methods will be described in this order:

(1) Method for generation steering vectors

(2) Method for generating a mask and a reference signal

(1) Method for Generation Steering Vectors

The steering vector generation method will be described
with reference to FIG. 7 and the following Equations [6.1]
through [6.3].

25

40

45

60

65

22
cost [6.1]
g(0) = \ sinf ]
0
- DF 6.2
it 0 =exe e P 0) oy =) 1621
S1(w, 8) [6.3]
1 .
Sw, )= —|
\a Sn(w, 0)]
U R [6.4]
(w, D) = m (w, 1)
Uy(w, D [6.5]
Ulw, D) = : ]
Un(w, D
U(w, /U (w, t)I] [6.6]
U'lw, D) = — :
a Un(w, D)/ |Up(w, 1)|
M(w, D =|S(w, U (w, 1) [6.7]
0w, D = M(w, 1’ X(w, D [6.8]
Q(w, 1) = M(w, 1)’ S(w, OF X (w, 1) [6.9]
Qw, n [6.10]
Qlon=—"T- 1
{0, D)
D) = Q' (@, DIEY, )" 6.11]
Q = A{Omins Wi + 1, .+ Opax} [6.12]
D) = (M (w, DFY,ca " [6.13]
cosyy - cosf [6.14]
q(0, ) = | cosy -sinf
singy

A reference point 152 shown in FIG. 7 is assumed to be a
reference point to measure a direction. The reference point
152 may be an arbitrary spot near the microphone, for
example, agree with the gravity center of the microphones or
with any one of the microphones. The position vector (that is,
coordinates) of the reference point is assumed to be m.

To denote the arrival direction of a sound, a vector having
the reference point 152 as its origin point and 1 as its length is
prepared and assumed to be a vector q(6) 151. If the sound
source is positioned roughly at the same height as the micro-
phone, the vector q(6) 151 may be considered to be a vector in
the X-Y plane (having the Z-axis as its vertical direction),
whose components can be given by Equation [6.1]. However,
the direction 0 is an angle with respect to the X-axis.

Ifthe microphones and the sound source are not positioned
in the same plane, q(0, ¢) that an elevation ¢ is also reflected
in a sound source direction vector can be calculated using
Equation [6.14] and used in place of q(¢) in Equation [6.2].

InFIG. 7, asound arriving in the direction of the vector q(0)
arrives at the microphone k153 first and then at the reference
point 152 and the microphone 1154 in this order. The phase
difference of the microphone k153 arriving at the reference
point 152 can be given using Equation [6.2].

In this equation,

j: imaginary unit,

M: number of frequency bins,

F: sampling frequency,
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C: sound velocity,

m_k: position vector of microphone k, and

superscript “T”” denotes ordinary transpose.

That is, if a plane wave is assumed to be present, the
microphone k153 is closer to the sound source than the ref-
erence point 152 by a distance 155 shown in FIG. 7 and,
conversely, the microphone 1154 is more distant from it by the
distance 156. This difference in distance can be expressed by
using an inner product of the vectors as follows:

q(8)"T (m_k-m) and

q(®)'T (m_i-m),

to convert the distance difference into a phase difference,
thereby obtaining Equation [6.2]

The vector composed of the phase differences of the
respective microphones is given by Equation [6.3] and
referred to as a steering vector. It is divided by the square root
of'the number of the microphones n in order to normalize the
norm of the vectors to 1.

In the following description, the reference point m is the
same as the position m_i of the microphone 1.

Next, a description will be given of the mask generation
method.

A steering vector S(m, t) given by Equation [6.3] can be
considered to express an ideal phase difference in a case
where only the target sound is active. That is, it corresponds to
a straight line 31 shown in FIG. 3. Accordingly, phase differ-
ence vectors (corresponding to phase difference dots 33 and
34) are calculated also from the observation signal, to calcu-
late their similarities with respect to the steering vector. The
similarity corresponds to a distance 32 shown in FIG. 3.
Based on the similarity, the degree of mixing of the interfer-
ence sounds can be calculated, so that based on the values of
the similarity, a time-frequency mask can be generated. That
is, the higher the similarity, the smaller the degree of mixing
of the interference sounds becomes, so that the mask values
are increased.

The mask values are calculated using specific Equations
[6.4] through [6.7]. U(w, t) in Equation [6.4] is a difference in
phase of the observation signal between the microphone 1,
which is the reference point, and the other microphones,
whose elements are assumed to be U_1(w, t) through U_n(w,
t) (Equation [6.5]). To exclude influences of the irregularities
in sensitivity of the microphones, the elements of U(w, t) are
divided by their respective absolute values to provide U' (w,
t). Equation [6.6] is divided by the square root of the number
of the microphones n in order to normalize the norm of the
vectors to 1.

As the similarity between the steering vector S(w, t) and the
vector U' (w, t) of the phase difference of the observation
signal, an inner product S(w, )’ HO®U' (w, t) is calculated.
Both of the vectors have size 1 and the absolute value of their
inner product is normalized to 0 through 1, so that the value
can be directly used as the ask value (Equation [6.7]).

Next, a description will be given of the method for gener-
ating a time envelope, which is a reference signal, from the
mask values with reference to FIG. 8.

The basic processing is the following processing sequence.

Based on anobservation signal 171 shown in FIG. 8, that is,
the observation signal 171 in sound segment units of the target
sound, mask generation processing in step S21 is performed
to generate a time-frequency mask 172.

Next, in step S22, by applying the generated time-fre-
quency mask 172 to the observation signal 171, a masking
result 173 is generated as a result of applying the time-fre-
quency mask.

10

15

20

40

45

24

Further, in step S23, a time envelope is calculated for each
frequency bin to average the time envelopes between a plu-
rality of the frequency bins where extraction is performed
comparatively well, thereby obtaining a time envelop close to
the target sound’s time envelope as a reference signal (refer-
ence) (case 1) 181.

The time-frequency masking result Q(w, t) can be obtained
with Equation [6.8] or Equation [6.9]. Equation [6.8] applies
masks to the observation signal of the microphone k, while
Equation [6.9] applies them to results of a delay-and-sum
array.

The delay-and-sum array is data obtained by providing the
observation signals of the microphones with different time
delays, aligning phases of the signals coming in the direction
of the target sound, and summing the observation signals. In
the results of the delay-and-sum array, the target sound is
emphasized because of the aligned phase and the sounds
coming in the other directions are attenuated because they are
different in phase.

“J” given in Equations [6.8] and [6.9] is a positive real
number to control the mask effects and has larger effects the
larger its value is. In other words, this mask has a large effect
as the sound source is more distant from the direction ¢, and
the degree of attenuation can be made larger the larger the
value of J is.

Prior to averaging Q(m, t) between the frequency bins,
magnitudes are normalized in the time direction to provide
the result Q'(w, t) (Equation [6.10]). By the normalization, it
is possible to suppress the excessive influences of the time
envelopes of the low frequency bins.

Generally, the lower its frequency components are, the
larger power the sound has, so that if the time envelopes are
simply averaged between the frequency bins, the time enve-
lope at the low frequency becomes dominant. However, by
the time-frequency masking based on phase differences, the
lower the frequency is, the more dominant the time envelops
becomes, so that the time envelope obtained by simple aver-
aging may highly possibly be different from that of the target
sound.

The reference signal r(t) is obtained by averaging the time
envelopes of the frequency bins (Equation [6.11]). Equation
[6.11] means averaging the L-th powers of the time enve-
lopes, that is, raising the elements to the L-th powers of the
time envelope for the frequency bins belonging to a set 2 and,
finally, calculating its root of L-th power, in which L is a
positive real number. The set Q is a subset of all of the
frequency bins and given by, for example, Equation [6.12].
w_min and o_max in this equation respectively denote an
upper limit and a lower limit of the frequency bins where
extraction by use of time-frequency masking is liable to be
successful. (For example, a fixed value obtained experimen-
tally is used.)

The thus calculated r(t) is used as the reference signal.

As forthe reference signal r(t), an easier generation method
may be available.

This processing is used to generate a reference signal (case
2) 182 shown in FIG. 8.

By this processing, processing to directly average the time-
frequency mask 172 refined on the basis of the observation
signal in step S21=time-frequency mask M(w, t) between the
frequency bins is performed as reference signal generation
processing in step S24 to generate the reference signal (ref-
erence) 182 (case 2).

This processing is given by Equation [6.13]. In this equa-
tion, [ and Q2 are the same as Equation [6.11]. If Equation
[6.13] is used, it is unnecessary to generate Q(w, t) or Q' (w,
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1), so that the calculation amount (computational cost) and the
memory to be used can be reduced as compared to Equation
[6.11].

The following will describe that Equation [6.13] has
almost the same properties as Equation [6.11] as the gener-
ated reference signal (reference).

In calculation of a weighted co-variance matrix in Equa-
tions [3.4] and [4.10] (term of <@>_t), at first sight, it seems
that the smaller the reference signal r(t) is or the larger the
observation signal X(w, t) is at frame number t, the larger
influence the value of the frame has on the weighted co-
variance matrix.

However, X(w, t) is used also in calculation of r(t) (Equa-
tion [6.8] or [6.9]), so that if X(w, t) is large, r(t) also
increases, so that a small influence is imposed on the covari-
ance matrix. Therefore, a frame where r(t) has a small value is
influenced greatly and depends on the mask value M(m, t) in
accordance with the relationship by Equation [6.8] or [6.9].

Further, the mask value M(w, t) is limited between 0 and 1
by Equation [6.7] and, therefore, has the same tendency as a
normalized signal (for example, Q' (w, t)). That is, even if
M(w, t) is simply averaged between the frequency bins, the
components of the low frequency bins do not become domi-
nant.

After all, no matter from which one of Q' (w, t) and M (w,
t) the reference signal r(t) is calculated, almost the same
outlined shape is obtained. Although those two have the dif-
ferent reference signal scales, the extracting filter calculated
with Equation [3.4] or Equation [4.10] is not influenced by the
reference signal scales, so that no matter which one of Q' (w,
t) and M (w, t) is used, the same extracting filter and the same
extraction results are obtained.

Various other methods of generating reference signals can
be used. Those methods will be described in detail later as
modifications.

[2. Detailed Configuration and Specific Processing of
Sound Signal Processing Device of the Present Disclosure]

The above [Item 1] has described the outline of an overall
configuration and processing of the sound signal processing
device of the present disclosure and the details of the follow-
ing two pieces of processing.

(1) Sound source extraction processing using target
sound’s time envelope as reference signal (reference)

(2) Target sound’s time envelope generation processing
using time-frequency masking in target sound direction

Next, a description will be given of an embodiment of a
detailed configuration and specific processing of the sound
signal processing device of the present disclosure.

(2-1. Configuration of Sound Signal Processing Device)

A configuration example of the sound signal processing
device is shown in FIG. 9.

FIG. 9 shows the configuration more in detail than that
described with reference to FIG. 4.

As described above with reference to FIG. 4, the sound
signal processing device 100 has the sound signal input unit
101 composed of the plurality of microphones, the observa-
tion signal analysis unit 102 for receiving an input signal
(observation signal) from the sound signal input unit 101 and
performing analysis processing on the input signal, specifi-
cally, for example, detecting a sound segment and a direction
of'a target sound source to be extracted, and the sound source
extraction unit 103 for detecting a sound of the target sound
source from the observation signal (signal in which a plurality
of sounds are mixed) in inter-sound segment units of a target
sound detected by the observation signal analysis unit 102.
The result 110 of extracting the target sound generated by the
sound source extraction unit 103 is output to, for example, the
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latter-stage processing unit for performing processing such as
speech recognition, for example.

As shown in FIG. 9, the observation signal analysis unit
102 has an AD conversion unit 211 which performs AD
conversion on multi-channel sound data collected with a
microphone array, which is the sound signal input unit 101.
The thus generated digital signal data is referred to as an
observation signal (in the time domain).

The observation signal, which is digital data, generated by
the AD conversion unit 211 undergoes short-time Fourier
transform (STFT) at an STFT unit 212, where it is converted
into a signal in the time frequency domain. This signal is
referred to as an observation signal in the time frequency
domain.

A description will be given in detail of STFT processing
which is performed in the STFT unit 212 with reference to
FIG. 10.

A waveform x_k(*) of (a) observation signal shown in FIG.
10 is observed, for example, with the k-th microphone in the
microphone array including n number of microphones of a
speech input unit in the device shown in FIG. 9.

Frames 301 to 303, which are constant-length data taken
out of the observation signal, are permitted to undergo a
banning window or hamming window function. The unit in
which data is taken out is referred to as a frame. By perform-
ing short-time Fourier transform on one frame of data, a
spectrum X_Kk(t), which is data in the frequency range, is
obtained, in which t is a frame number.

The taken-out frames may overlap with each other as the
frames 301 to 303 shown in the figure so that spectra X_k(t-1)
through X_k(t+1) of the successive frames can be changed
smoothly. Further, a series of spectra arranged in the order of
the frame numbers is referred to as a spectrogram. Data
shown in FIG. 10(b) is an example of the spectrogram and
provides an observation signal in the time frequency domain.

Spectrum X_k(t) is a vector having M number of elements,
in which the w-th element is denoted as X_k(w, t).

The observation signal in the time frequency range gener-
ated through STFT at the STFT unit 212 is sent to an obser-
vation signal buffer 221 and a direction-and-segment estima-
tion unit 213.

The observation signal buffer 221 accumulates the obser-
vation signals in a predetermined lapse of time (number of
frames). The signals accumulated here are used in the sound
source extraction unit 103 to, for example, obtain a result of
extracting speeches arriving in a predetermined direction. For
this purpose, the observation signals are stored in condition
where they are correlated with times (or frame numbers etc.)
so that any one of the observation signals can be picked up
which corresponds to a predetermined time (or frame num-
ber) later.

The direction-and-segment estimation unit 213 detects a
starting time of a sound source (at which it starts to be active)
and its ending time (at which it ends being active) as well as
its arrival direction. As introduced in the “Description of
conventional technologies”, to estimate the starting time and
ending time as well as the direction, a method using a micro-
phone array and a method using an image are available, any
one of which can be used in the present disclosure.

In a configuration employing a microphone array, the star-
ing time/ending time and the direction are obtained by obtain-
ing an output of the STFT unit 212, estimating a sound source
direction with the MUSIC Method etc. in the direction-and-
segment estimation unit 213, and tracking a sound source
direction. For the detailed method, see Japanese Patent Appli-
cation Laid-Open No. 2010-121975, for example. In the case
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of obtaining the segment and the direction by using a micro-
phone array, an imaging element 222 is unnecessary.

By the method using images, the imaging element 222 is
used to capture an image of the face of a user who is uttering
a sound, thereby detecting times at which the lips in the image
started moving and stopped moving respectively. Then, a
value obtained by converting a position of the lips into a
direction as viewed from the microphone is used as a sound
source direction, while the times at which the lips started and
stopped moving are used as a starting time and an ending time
respectively. For the detailed method, see Japanese Patent
Application Laid-Open No. 10-51889 etc.

Even if a plurality of speakers are uttering sounds simul-
taneously, as long as the faces of all the speakers are captured
by the imaging elements, the starting time and the ending time
can be detected for each couple of the lips in the image to
obtain a segment and a direction for each uttering.

The sound source extraction unit 103 uses the observation
signal and the sound source direction corresponding to an
uttering segment to extract a predetermined sound source.
The details will be described later.

A result of the sound source detection is sent as the extrac-
tion result 110 to, for example, a latter-stage processing unit
for operating, for example, a speech recognition device as
necessary. Some of the speech recognition devices have a
sound segment detection function, which function can be
omitted. Further, the speech recognition device often has an
STFT function to detect a speech feature, which function can
be omitted on the side of the speech recognition side in the
case of combining it with the present disclosure.

Those modules are controlled by a control unit 230.

Next, a description will be given in detail of the sound
source extraction unit 103 with reference to FIG. 11.

Segment information 401 is an output of the direction-and-
segment estimation unit 213 shown in FIG. 9 and composed
of'a segment (starting time and ending time) in which a sound
source is active and its direction.

An observation signal buffer 402 is the same as the obser-
vation signal buffer 221 shown in FIG. 9.

A steering vector generation unit 403 generates a steering
vector 404 from a sound source direction contained in the
segment information 401 by using Equations [6.1] to [6.3].

A time-frequency mask generation unit 405 obtains an
observation signal in the relevant segment from the observa-
tion signal buffer 402 by using a starting time and an ending
time contained in the segment information 401 and generates
a time-frequency mask 406 from this signal and the steering
vector 404 by using Equations [6.4] to [6.7].

A masking unit 407 generates a masking result by applying
the time-frequency mask 406 to the observation signal 405 or
a later-described filtering result 414. The masking result is
comparable to the masking result 173 described above with
reference to FIG. 8.

A reference signal generation unit 409 calculates an aver-
age of time envelops from the masking result 408 to provide
a reference signal 410. This reference signal corresponds to
the reference signal 181 described with reference to FIG. 8.

Alternatively, the reference signal generation unit 409 gen-
erates the reference signal from the time-frequency mask 406.
This reference signal corresponds to the reference signal 182
described with reference to FIG. 8.

An extracting filter generation unit 411 generates an
extracting filter 412 from the reference signal 410, the obser-
vation signal in the relevant segment, and the steering vector
404 by using Equations [3.1] to [3.9] and [4.1] to [4.15]. The
steering vector is used to select an optimal one from among
the eigenvectors (see Equations [5.2] to [5.5]).
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A filtering unit 413 generates a filtering result 414 by
applying the extracting filter 412 to the observation signal 405
in the relevant segment.

As an extraction result 415 output from the sound source
extraction unit 103, the filtering result 414 may be used as it
is, or a time-frequency mask may be applied to the filtering
result. In the latter case, the filtering result 414 is sent to the
masking unit 407, where the time-frequency mask 407 is
applied. Its masking result 408 is used as the extraction result
415.

Next, a description will be given in detail of the extracting
filter generation unit 411 with reference to FIG. 12.

Segment information 501, an observation signal buffer
502, a reference signal 503, and a steering vector 504 are the
same as the respective segment information 401, observation
signal buffer 402, reference signal 410, and steering vector
404 shown in FIG. 11.

A de-correlation unit 505 obtains an observation signal in
the relevant segment from the observation signal buffer 502
based on the starting time and the ending time included in the
segment information 501 and generates a covariance matrix
of the observation signal 511, a de-correlating matrix 512,
and a de-correlated observation signal 506 by using Equa-
tions [4.1] to [4.7].

A reference signal reflecting unit 507 generates data cor-
responding to the right-hand side of Equation [4.11] from the
reference signal 503 and the de-correlated observation signal
506. This data is referred to as a weighted co-variance matrix
508.

An eigenvector calculation unit 509 obtains an eigenvalue
and an eigenvector by applying eigenvalue decomposition on
the weighted co-variance matrix 508 (right-hand side of
Equation [4.11]) and selects the eigenvector based on the
similarity with the steering vector 504.

The post-selection eigenvector is stored in an eigenvector
storage unit 510.

A rescaling unit 513 adjusts the scale of the post-selection
eigenvector stored in the eigenvector storage unit 510 so that
a desired scale of the extraction result may be obtained. In this
case, the covariance matrix of the observation signal 511 and
the de-correlating matrix 512 are utilized. Details of the pro-
cessing will be described later.

A result of therescaling is stored as an extracting filter in an
extracting filter storage unit 514.

In such a manner, the extracting filter generation unit 411
calculates a weighted co-variance matrix from the reference
signal and the de-correlated observation signal and performs
the eigenvector selection processing to select one eigenvector
as the extracting filter from among a plurality of eigenvectors
obtained by applying eigenvalue decomposition on the
weighted co-variance matrix.

The eigenvector selection processing is performed to select
the eigenvector corresponding to the minimum eigenvalue as
the extracting filter. Alternatively, processing may be per-
formed to select as the extracting filter an eigenvector which
is most similar to the steering vector corresponding to the
target sound.

This is the end of the description about the configuration of
the device.

(2-1. Description of Processing Performed by Sound Sig-
nal Processing Device)

Next, a description will be given of processing which is
performed by the sound signal processing device with refer-
ence to FIG. 13 and the subsequent.

FIG. 13 is a flowchart showing an overall sequence of the
processing which is performed by the sound signal process-
ing device.
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AD conversion and STFT in step S101 is processing to
convert an analog sound signal input to the microphone serv-
ing as the sound signal input unit into a digital signal and the
n convert it into a signal (spectrum) in the time frequency
domain by STFT. The sound signal may be input from a file or
a network besides the microphone. For STFT, see the above
description made with reference to FIG. 10.

Since there are the plurality of (the number of the micro-
phones) input channels in the present embodiment, AD con-
version and STFT is performed the number of channels of
times. Hereinafter, an observation signal at channel k, fre-
quency bin o, and frame t is denoted as X_k(w, t) (Equation
[1.1]). Further, regarding the number of STFT points as c, the
number of per-channel frequency bins can be calculated as
M=c/2+1.

Accumulation in step S102 is processing to accumulate the
observation signal converted into the time frequency range
through STFT for a predetermined lapse of time (for example,
10 seconds). In other words, regrading the number of frames
corresponding to this lapse of time as T, the observation
signals for successive T frames are accumulated in the obser-
vation signal buffer 221 shown in FIG. 9.

Direction-and-segment estimation in step S103 detects a
starting time (at which a sound source started to be active) and
an ending time (at which it stopped being active) of the sound
source as well as its arrival direction.

This processing may come in the method using a micro-
phone array and the method using an image as described
above with reference to FI1G. 9, any one of which can be used
in the present disclosure.

Sound source extraction in step S104 generates (extracts) a
target sound corresponding to a segment and a direction
detected in step S103. The details will be described later.

Latter-stage processing in step S105 is processing using
the extraction result and is, for example, speech recognition.

Finally, it spreads into two branches of continuing the
processing and discontinuing it, so that the continuing branch
returns to step S101 and the discontinuing branch ends the
processing.

Next, a description will be given in detail of the sound
source extraction processing performed in step S104 with
reference to a flowchart shown in FIG. 14.

Segment adjustment in step S201 is processing to calculate
a segment appropriate for estimating an extracting filter from
the starting time and the ending time detected in direction-
and-segment estimation performed in step S103 of the flow
shown in FIG. 13. The details will be described later.

In step S202, a steering vector is generated from the sound
source direction of the target sound. As described above with
reference to FIG. 7, it is generated by the method using
Equations [6.1] to [6.3]. The processing in step S201 and that
in step S202 may be performed in no particular order and,
therefore, may be performed in any order or concurrently.

In step S203, a time-frequency mask is generated using the
steering vector generated in step S202. The time-frequency
mask is generated using Equations [6.4] to [6.7].

Next, in step S204, an extracting filter is generated using
the reference signal. The details will be described later. At this
stage, only filter generation is performed, without generating
an extraction result.

Step S207 will be described here earlier than power ratio
calculation in step S205 and branch conditions in step S206.

In step S207, an extracting filter is applied to the observa-
tion signal corresponding to the segment of the target sound.
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That is, the following equation [9.1] is applied to all of the
frames (all of't’s) and all of the frequency bins (all of w’s) in
the segment.

Yo,n)=Ww)X(w,) [9.1]

Y(w,0)=M(0.5 w0, [9.2]

Besides the thus obtained extraction result, a time-fre-
quency mask may further be applied as necessary. This cor-
responds to processing in step S208 shown in FIG. 14. Paren-
theses denote that this processing can be omitted.

That is, the time-frequency mask M(w, t) obtained in step
S203 is applied to Y(w, t) obtained with Equation [9.1] (Equa-
tion [9.2]). However, K in Equation [9.2] is a real number not
less than 0 and a value which is set separately from J in
Equation [6.8] or [6.9] or L in Equation [6.13]. By regarding
K=0, it means not to apply the mask, so that the larger the K
value is, the larger effects the mask has. That is, the effects of
removing interference sounds become large, whereas the side
effects of the musical noise become also large.

Since purpose of applying the mask in step S208 is to
remove the interference sounds that could not completely be
removed by filtering in step S207, it is not necessary to
enlarge the effects of the mask so much, so that K may be
equal to 1 (K=1), for example. As a result, as compared to
sound source extraction only by means of time-frequency
masking (see the conventional methods), the side effects of
the musical noise etc. can be reduced.

Next, a description will be given of the details of segment
adjustment which is performed in step S201 and a reason why
such processing is performed with reference to FIG. 15. FIG.
15 shows a segment image, in which its vertical axis gives a
sound source direction and its horizontal axis gives time. The
segment (sound segment) of a target sound to be extracted is
assumed to be a segment (sound segment) 601. A segment
602 is assumed to be a segment in which an interference
sound is active before the target sound starts to be active. It is
assumed that around the end of the segment 602 of the inter-
ference sound overlaps with the start of the segment 601 of the
target sound time-wise and this overlapping region is denoted
by an overlap region 611.

The segment adjustment which is performed in step S201 is
basically processing to prolong a segment obtained in direc-
tion-and-segment estimation in step S103 of the flow shown
in FIG. 13 both backward and forward time-wise. However,
in the case of real-time processing, after the segment ends,
there is no observation signal, so that mainly the segment is
prolonged in the forward direction time-wise. The following
will describe a reason why such processing is performed.

To remove an interference sound from the overlap region
611 included in the segment 601 of the target sound shown in
FIG. 15, itis more effective that the interference sound should
be contained as much as possible in a segment used for
extracting filter generation (hereinafter referred to as “filter
generation segment”). Accordingly, a time 604 is prepared
which is obtained by shifting a starting time 605 in the reverse
time direction, to employ a lapse of time from the time 604 to
an ending time 606 as a filter generation segment. The time
604 does not necessarily adjust to a time at which the inter-
ference sound starts to be active and may be shifted from the
time 605 by a predetermined lapse of time (for example, one
second).

Further, even in a case where the segment of the target
sound is short of a predetermined lapse of time, the segment
is adjusted. For example, the minimum lapse of time of the
filter generation segment is set to one second, so that if the
detected segment of the target sound is 0.6 second, a lapse of
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time of 0.4 second prior to the start of the segment is included
in the filter generation segment.

If'the observation signal is read from a file, the observation
signal after the end of the segment of the target sound can also
be acquired, so that the ending time can be prolonged in the
time direction. For example, by setting a time 607 obtained by
shifting the ending time 606 of the target sound by a prede-
termined lapse of time in FIG. 15, a lapse of time from the
time 604 to the time 607 is employed as the filter generation
segment.

Hereinafter, a set of the frame numbers corresponding to
the uttering segment 601 is denoted as T_IN, that is, T_IN609
shown in FIG. 15 and a set of the frame numbers included by
prolongation of the segment is denoted as T_OUT, that is,
T_OUT608, 610 shown in FIG. 15.

Next, a description will be given in detail of the extracting
filter generation processing which is performed in step S204
in the flow in FIG. 14 with reference to a flowchart shown in
FIG. 16.

Of steps S301 and S303 in which a reference signal is
generated in the flowchart shown in FIG. 16, the reference
signal is generated in step S301 in the case of using the
reference signal common to all of the frequency bins and it is
generated in step S303 in the case of using the different
reference signals for the different frequency bins.

Hereinafter, the case of using the common reference signal
will be described first and the case of using the different
reference signals for the different frequency bins, in the item
of variants later.

In step S301, the reference signal common to all of the
frequency bins is generated using the above-described Equa-
tions [6.11] and [6.13].

Steps S302 through S309 make up a loop for the frequency
bins, so that processing of steps S303 to S308 is performed for
each of the frequency bins.

The processing in step S303 will be described later.

In step S304, an observation signal is de-correlated. Spe-
cifically, a de-correlated observation signal X'(w, t) is gener-
ated using the above-described Equations [4.1] to [4.7].

If'the following equations [7.1] to [7.3] are used in place of
Equation [4.3] in calculation of a covariance matrix R(w) of
the observation signal, the covariance matrix can be reutilized
in power calculation in step S205 in the flow shown in FIG.
14, thereby reducing its computational cost.

Rin(@) = (X (0, DX (@, 0F),ep,, (71
Rour(w) = (X(@, DX(@, D" er, o [7.2]
Riw) = |Tin|Rin (@) + [ Tour|Rour(w) [7.3]
(@) =
[Tl +Tourl
piv =) W@Ry(@W(w)! 741
[7.5]

pour = ) W(@Rour(@W (@)

R_{OUT}Hw) and R_{OUT} w) in Bquations [7.1] and
[7.2] are covariance matrixes of observation signals calcu-
lated from the segments of T_IN and T_OUT shown in FIG.
15, respectively. Further, IT_IN| and IT_OUTI in Equation
[7.3] denote the numbers of frames in the segments T_IN and
T_OUT respectively.

In step S305, a weighted co-variance matrix is calculated.
Specifically, a matrix in the left-hand side of the above-de-
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scribed Equation [4.11] is calculated from the reference sig-
nal r(t) and the de-correlated observation signal X' (w, t).

In step S306, eigenvalue decomposition is performed on
the weighted co-variance matrix. Specifically, the weighted
co-variance matrix is decomposed into a format of the right-
hand side of Equation [4.11]. In step S307, an appropriate one
of the eigenvectors obtained in step S306 is selected as an
extracting filter. Specifically, either an eigenvector corre-
sponding to the minimum eigenvalue is employed using the
above-described Equation [5.1] or an eigenvector nearest a
sound source direction of the target sound is employed using
Equations [5.2] to [5.5].

Next, in step S308, scale adjustment is performed on the
eigenvector selected in step S307. The processing performed
here and a reason for it will be described as follows.

Each eigenvector obtained in step S306 is comparable to
W' (w) in Equation [4.8]. That is, it is a filter to perform
extraction on the de-correlated observation signal.

Accordingly, to apply a filter to the observation signal
before being de-correlated, some kind of conversion is nec-
essary.

Further, although a constraint of variance=1 is applied to
the filtering result Y (w, t) when obtaining the extracting filter
(Equation [3.2]), the variance of the target sound is different
from 1. Therefore, it is necessary to estimate the variance of
the target sound by using any other method and make the
variance of the extraction result agree with it.

Both of the adjustment operations may be given by the
following Equation [8.4].

8(w) = e; R} W’ ()P [8.1]
e;=[0,...,0,1,0,... ,0] [8.2]
8(w) = S(w, O R{W (@) Plw)} [8.3]
W(w) « g@)W (w)Pw) [8.4]
§w) = argminl| Xi(w, D - g W)Y @, Py, [8.5]

[8.6]

glw) = arg(m)in(lsw, 0" X(w, 0 - gw)Y(w, ),
glw

P(w) in this equation is a de-correlating matrix and has an
action so that W' (w) may correspond to the observation signal
before being de-correlated.

g(w) is calculated with Equation [8.1] or [8.3] and has an
action that the variance of the extraction result may agree with
the variance of the target sound. In Equation [8.1] e_iis a row
vector whose i-th element only is 1 and the other elements of
which are 0 (Equation [8.2]. Further, suffix i denotes that the
observation signal of the i-th microphone is used for scale
adjustment.

The following will describe the meaning of Equations [8.1]
and [8.3].

It is considered to multiply the extraction result Y(w, t)
before scale adjustment by a scale g(w) to approximate com-
ponents derived from the target sound which are contained in
the observation signal. By using a signal observed with the
i-th microphone as the observation signal, the scale g(w) can
be given by Equation [8.5] as a term that minimizes a square
error. g(w) that satisfies this equation can be obtained with
Equation [8.1]. In the equation, X_i(w, t)=e_iX(w, 1).

Similarly, if it is considered to use a result of the delay-
and-sum array in place of the observation signal to approxi-
mate components derived from the target sound which are
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contained in the result, the scale g(w) can be given by Equa-
tion [8.6]. g(w) that satisfies this equation can be obtained
with Equation [8.3].

By performing steps S303 to S308 for all of the frequency
bins, an extracting filter is generated.

Next, a description will be given of power ratio calculation
in step S205 and branch processing in step S206 in the flow in
FIG. 14. Those pieces of processing are performed in order to
permit the sound source extraction to skip an extra segment
generated by false detection etc., in other words, abandon the
false-detected segment.

For example, in the case of detecting a segment based on
only the movement of the lips, even if only the lips are moved
without uttering of a sound by the user, it may possibly be
detected as an uttering segment. Further, in the case of detect-
ing a segment based on a sound source direction, any sound
source having directivity (other than background noise) may
possibly be detected as an uttering segment. By checking
such a false-detected segment before the sound source is
extracted, it is possible to reduce the amount of calculation
and prevent false reaction due to false detection.

At the same time, an extracting filter is calculated in step
S204 and a covariance matrix of the observation signal is
calculated both inside and outside the segment, so that by
using both of them, it is possible to calculate a variance
(power) in a case where the extracting filter is applied to each
of'the inside and the outside of the segment. By using a ratio
between both of the powers, false detection can be decides to
some extent. This is because the false-detected segment is not
accompanied by uttering of speeches, so that the power ratios
inside and outside the segment are considered to be small
(almost the same powers inside and outside the segment).

Accordingly, in step S205, power P_IN in the segment is
calculated using above Equation [7.4] and the respective
powers inside and outside the segment are calculated using
Equation [7.5]. “Z” in those equations denotes a sum all over
the frequency bins and R_IN(w) and R_OUT(w) are covari-
ance matrixes of the observation signal and can be calculated
from the segments corresponding to T_IN and T_OUT in
FIG. 15 respectively (Equations [7.1], [7.2]).

Then, in step S206, it is decided as to whether a ratio of the
two, that is, P_IN/P_OUT, is in excess of a predetermined
threshold value. If the condition is not satisfied, it is decided
that detection is false, to skip steps S207 and S208 and aban-
don the relevant segment.

If'the condition is satisfied, it means that a power inside the
segment is sufficiently larger than that outside the segment, so
that advances are made to step S207 to generate an extraction
result.

Here, the description of the processing ends.

[3. Variants]

The following will describe the following three variant
examples sequentially.

(1) Example in which the reference signals are used for the
different frequency bins

(2) Example in which a reference signal is generated by
performing ICA at some of frequency bins

(3) Example in which sounds are recorded through a plu-
rality of channels to apply the present disclosure at the time of
reproduction

(4) Other objective functions

Those will be described as follows.

(5) Other methods of generating the reference signal

(6) Processing using singular value decomposition in esti-
mation of a separation filter

(7) Application to real-time sound source extraction

Those will be described below.
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(3-1. Example in which the Reference Signals are Used for
the Different Frequency Bins)

A reference signal calculated with the above-described
Equation [6.11] or [6.13] is common to all of the frequency
bins. However, the time envelope of a target sound is not
typically common to all the frequency bins. Accordingly,
there is a possibility that the sound source can be extracted
more accurately if an envelope for each frequency bin of the
target sound can be estimated.

A method for calculating a reference signal for each fre-
quency bin will be described with reference to FIG. 17 and the
following Equations [1.1] to [10.5].

P, D) = KIQ (@, D1 gepcepin) [10.1]

1w, ) = KM, P drzwspio) [10.2]

(Wmins Omin +20) 1 Opin +h < [10.3

i iy + [10.4]

(@), fw) =4 (w—h, w+h)

h <0< Wpe—h

(Wmax = 2h, Opax)  If W < Wy — B [10.5]

FIG. 17(a) shows an example where a reference signal
common to all of the frequency bins is generated. It accom-
modates a case where Equation [6.11] or [6.13] is used, to
calculate the common reference signal by using the frequency
bins w_min to w_max in a masking result (when Equation
[6.1] is used) or a time-frequency mask (when Equation
[6.13] is used).

FIG. 17B shows an example where a reference signal is
generated for each frequency bin. In this case, Equation
[10.1] or [10.2] is applied, to calculate the reference signal
from the masking result or the time-frequency mask respec-
tively. Equation [10.1] is different from Equation [6.11] in
that the range subject to averaging depends on the frequency
bin w. The same difference exists also between Equation
[10.2] and Equation [6.13].

The lower limit a(w) and the upper limit p(w) of the fre-
quency bins subject to averaging are given with Equations
[10.3] to [10.5] depending on the value of w. However, “h”
denotes a half of the width of the range.

Equation [10.4] denotes that a range of w-h to w+h is
subject to averaging if w falls in a predetermined range so that
the different reference signals may be obtained for the differ-
ent frequency bins.

Equations [10.3] and [10.5] denote that a fixed range is
subject to averaging if w falls outside the predetermined range
so that the reference signal may be prevented from being
influenced by the components of a low frequency binor a high
frequency bin.

Reference signals 708 and 709 in FIG. 17 denote reference
signals calculated from a range of Equation [10.3], which are
the same as each other. Similarly, a reference signal 710
denotes a reference signal calculated from a range of Equa-
tion [10.4] and reference signals 711 and 712 denote refer-
ence signals calculated from a range of Equation [10.5].

(3-2. Example in which a Reference Signal is Generated by
Performing ICA at Some of Frequency Bins)

Next, a description will be given of an example where a
reference signal is generated by performing ICA at some of
frequency bins.

Although the above-described Equations [6.1] to [6.14]
have used time-frequency masking to generate a reference
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signal, it may be obtained with ICA. That is, the example
combines separation by use of ICA and extraction by use of
the present disclosure.

The basic processing is as follows. ICA is applied in lim-
ited frequency bins. By averaging a result of the separation, a
reference signal is generated.

The generation of the reference signal based on results of
separation to which ICA is applied is described also in the
earlier patent application by the present applicant (Japanese
Patent Application Laid-Open No. 2010-82436), by which
interpolation is performed by applying ICA to the remaining
frequency bins (or all of the frequency bins) using the refer-
ence signal; however, in the variant of the present disclosure,
sound source extraction by use of the reference signal is
applied. That is, from among the n number of separation
results as an output of ICA, one result that corresponds to the
target sound is selected by using a sound source direction etc.,
to generate a reference signal from a result of the separation of
this selection. If the reference signal is obtained, an extracting
filter and an extraction result are obtained by applying the
above-described Equations [4.1] to [4.14] to the remaining
frequency bins (or all of the frequency bins).

(3-3. Example in which Sounds are Recorded Through a
Plurality of Channels to Apply the Present Disclosure at the
Time of Reproduction

Next, a description will be given of an example where
sounds are recorded through a plurality of channels to apply
the present disclosure is applied at the time of reproduction
with reference to FIG. 18.

In the above-described configuration in FIG. 9, it has been
assumed that a sound entering the sound signal input unit 101
composed of a microphone array are soon used in sound
source extraction; however, a step may be interposed of
recording a sound (saving it in a file) and reproducing it
(reading it from the file). That is, for example, a configuration
shown in FIG. 18 may be employed.

In FIG. 18, a multi-channel recorder 811 performs AD
conversion etc. in a recording unit 802 on a sound input to a
sound signal input unit 801 composed of a microphone array,
so that the sound is saved in a recording medium as recorded
sound data 803 unchanged as a multi-channel signal. “multi-
channel” here means that a plurality of channels, in particular,
at least three channels are used.

When performing sound extraction processing on a spe-
cific sound source from the recorded sound data 803, the
recorded sound data 803 is read by a data reading unit 805. As
the subsequent processing, almost the same processing as that
by the STFT unit 212 and others described with reference to
FIG. 9 is performed in an observation signal analysis unit 820
having an STFT unit 806 and a direction-and-segment esti-
mation unit 808, an observation signal buffer 807, and a sound
source extraction unit 809, thereby generating an extraction
result 810.

As in the case of the configuration shown in FIG. 18, by
saving a sound as multi-channel data at the time of recording,
it is possible to apply sound source extraction later. That is, in
the case of, for example, applying speech recognition later on
the recorded sound data, itis possible to improve the accuracy
of speech recognition by recording it as multi-channel data
than recording it as monophonic data.

Moreover, the multi-channel recorder 811 may be
equipped with a camera etc. to record sound data in condition
where a user’s lips image and multi-channel sound data are
synchronized with each other. In the case of reading such
data, uttering direction-and-segment detection by use of the
lips image may be used in the direction-and-segment estima-
tion unit 808.
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(3-4. Example Using Other Objective Functions)

An objective function refers to a function to be minimized
or maximized. Although in sound source extraction by the
present disclosure, Equation [3.3]

is used as an objective function to minimize it, any other
objective functions can be used.

The following Equations [11.1] and [11.2] are examples of
the objective function to be used in place of Equations [3.3]
and [3.4] respectively; also by obtaining W(w) that maxi-
mizes them, the signal can be extracted. The reason will be
described as follows.

W(w) = argmax(|¥ (e, D%|r(@)"), [LL.1]
Wiw)

W (w)argmaxW ()X (w, DX (@, 7 re™y, W) [11.2]
Wiw)

Y@, DPr@™y, < A (¥ (e, D%, /o™,

W (w) = argmaxW’ (wX X’ (w, DX (w, DT roN), W’ (w)f
Wiw)

[11.3]

[11.4]

(X' (@, DX (w, ¥ r@e™y = A(w)B(w)! [11.5]

[ = argmax(by, [w)] [11.6]
k

The inequality expression of Equation [11.3] typically
holds true on a part following “arg max” in the above expres-
sion, while the equality expression holds true when a rela-
tionship of Equation [3.6] holds true. The right-hand side of
this equation is maximized when <IY(w, t) I"4>_t is maxi-
mized. <IY(w, t) I"4>_t corresponds to an amount referred to
as a signal kurtosis and is maximized when'Y does not contain
interference sounds (only the target sound appears). There-
fore, ifthe reference signal r(t)"N agrees with a time envelope
of the target sound, W(w) that maximizes the left-hand sides
of Equations [11.1] and [11.2] agrees with W(w) that maxi-
mizes their right-hand sides and provides a filter to extract the
target sound.

Maximization of Equations [11.1] and [11.2] is almost the
same as minimization of Equations [3.3] and [3.4] and is
performed using Equations [4.1] to [4.14].

First, a de-correlated observation signal X' (w, t) is gener-
ated using Equations [4.1] to [4.7]. A filter to extract the target
sound from this X' (w, t) is obtained by maximizing Equation
[11.4] in place of Equation [4.10]. For this purpose, eigen-
value decomposition is applied to a part of <@>_t in Equation
[11.4](Equation [11.5]). In this equation, A(w) is a matrix
composed of eigenvectors (Equation [4.12]) and B(w) is a
diagonal matrix composed of eigenvalues (Equation [4.14]).
One of the eigenvectors provides a filter to extract the target
sound.

For a maximization problem, this example uses Equation
[11.6] in place of Equation [5.1] to select an eigenvector
corresponding to the maximum eigenvalue. Alternatively, the
eigenvalue may be selected using Equations [5.2] to [5.5].
Equations [5.2] to [5.5] can be used commonly to the mini-
mization problem and the maximization problem because
they are used to select an eigenvector corresponding to a
direction of the target sound.

(3-5. Other Methods of Generating Reference Signal)

Hereinabove, a description has been given of a plurality of
processing examples of the processing example to calculate a
reference signal r(t) which corresponds to a time envelope
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denoting changes of the target’s sound volume in the time
direction. The reference signal calculation example may be
any one of the following.

(1) Processing to calculate a reference signal common to
all the frequency bins obtained by averaging the time enve-
lopes of frequency bins (Equation [6.11])

(2) Processing to calculate a reference signal common to
all the frequency bins obtained by averaging time-frequency
masks M(m, t) generated on the basis of an observation signal
over the frequency bins as in the case of a time-frequency
mask 172 in FIG. 6, for example (Equation [6.13])

(3) Processing to calculate the different reference signals
for the different frequency bins described in the above variant
(3-1), specifically calculate a reference signal for each fre-
quency bin wbased on results of masking (Equation [10.1])

(4) Processing to calculate the different reference signals
for the different frequency bins described in the above variant
(3-1), specifically calculate a reference signal for each fre-
quency bin o based on the time-frequency mask (Equation
[10.2])

(5) Processing to generate a reference signal by performing
ICA on some frequency bins described in the above variant
(3-2), specifically generate a reference signal by performing
ICA on limited frequency bins and averaging the resultant
separation results

For example, those various reference signal calculation
processing examples have been described.

The following will describe reference signal generation
processing examples other than those methods.

Earlier, in “B. Specific examples of problem solving pro-
cessing to which conventional technologies are applied” in
“Background”, the following sound source extraction meth-
ods have been outlined which use known sound source direc-
tion and segment in extraction.

B1-1. Delay-and-sum array

B1-2. Minimum variance beamformer

B1-3. Maximum SNR beamformer

B1-4. Method based on target sound removal and subtrac-
tion

B1-5. Time-frequency masking based on phase difference

Many of those conventional sound source extraction meth-
ods can be applied to generation of a time envelope, which is
a reference signal.

In other words, for example, the above conventional sound
source extraction methods can be utilized only in the refer-
ence signal generation processing in the present disclosure,
such that by thus applying the existing sound source extrac-
tion method only to the generation of a reference signal and
performing the subsequent sound source extraction process-
ing according to the processing in the present disclosure by
using the generated reference signal, a sound source can be
extracted, avoiding the problems of the sound source extrac-
tion processing according to the described conventional
methods.

For example, sound source extraction processing by use of
(B1-1. Delay-and-sum array) described in “Background” will
be performed as the following processing.

By giving different time delay to observation signal of each
microphone so as to make consistent phases of signals com-
ing in the direction of the target sound and then summing up
the observation signals, the target sound is emphasized
because its phase is sonsistent and sounds coming in any other
directions are attenuated because their phases are different a
bit from each other. Specifically, let S(w, 8) be a steering
vector (vector which denotes a difference in phase of the
sounds arriving in a certain direction among the micro-
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phones) corresponding to the direction 0, this processing
obtains extraction results by using Equation [2.1] given
above.

From the delay-and-sum array processing results, a refer-
ence signal can be generated.
To a reference signal from the delay-and-sum array pro-

cessing results, the following Equation [12.1] may well be
used instead of Equation [6.8].

Ow, D) = S(w, O X (w, 1 [12.1]

O,y = S VR 22
S(w, 0T Riw)™ S(e, 6)

H{w, 1) = X(w, 1) = S, O X (@, DS(w, 0) [12.3]

Oulw, 1) = max(| Xy (@, D] - | Hy (@, 1), 0) [124]

[12.5]

0. 0= QD

k=1

As shown in the later-described experiment results, by
generating a reference signal from delay-and-sum array pro-
cessing results once and using it to thereby extract a sound
source according to the method of the present disclosure,
extraction results are obtained which are more accurate than
in the case of performing sound source extraction by using a
delay-and-sum array alone.

Similarly, sound source extraction processing by use of
(B1-2. Minimun variance beamformer) described in “Back-
ground” will be performed as the following processing.

By forming a filter which has gain of 1 in the direction of
the target sound (that is, not emphasizing or reducing the
target) and null beams (direction with lower sensitivity) in the
directions of interference sounds, this processing extracts
only the target sound.

When generating a reference signal by applying the sound
source extraction processing by use of a minimun variance
beamformer, Equation [12.2] given above is used. In Equa-
tion [12.2], R(w) is an observation signal’s co-variance
matrix which is calculated in Equation [4.3] given above.

Further, sound source extraction processing by use of (B1-
4. Method based on target sound removal and subtraction)
described in “Background” will be performed as the follow-
ing processing.

By generating a signal obtained by removing the target
sound from an observation signal (target sound-removed sig-
nal) once and subtracting the target sound-removed signal
from the observation signal (or signal obtained by emphasiz-
ing the target sound by using a delay-and-sum array etc.), this
processing extracts the target sound.

According to this method, the processing includes two
steps of “removal of a target sound” and “subtraction”, which
will be described respectively.

To remove the target sound, Equation [12.3] given above is
used. The equation works to remove a sound arriving in
direction 0.

To perform subtraction, spectral subtraction (SS) is used.
Spectral subtraction involves subtracting only the magnitude
of' a complex number instead of subtracting a signal in the
complex-number domain as it is and is expressed by Equation
[12.4] given above.
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In Equation [12.4],

H,(w, t) is the k-th element of a vector H(w, t); and

max(x, y) denotes to employ argument x or y whichever is
larger and works to prevent the magnitude of the complex
number from becoming negative.

A spectral subtraction result Q,(w, t) calculated by Equa-
tion [12.4] is a signal whose target sound is emphasized but
has a problem in that since it is generated by spectral subtrac-
tion (SS), if it is used as a sound source extraction result itself
(forexample, waveform is generated by inverse Fourier trans-
form), the sound may be distorted or musical noise may occur.
However, as long as it is used as a reference signal according
to the present disclosure, results of spectral subtraction (SS)
need not be transformed into a waveform, thereby enabling
avoiding the problems.

To generate a reference signal, Equation [12.5] given above
is used. Alternatively, simply Q(w, 1)=Q,(w, t) may be given
for a specific value of k, where k corresponds to the index of
an element of the vector H(w, t).

Another reference signal generation method may be to
generate a reference signal from sound source extraction
results according to the present disclosure. That is, the fol-
lowing processing will be performed.

First, a sound source extraction result Y(w, t) is generated
using Equation [3.1] given above.

Next, regarding the sound source extraction result Y(w, t)
as Q(w, t) in Equation [6.10] given above, a reference signal
is generated again using Equation [6.11].

Equation [6.10] calculates Q' (w, t), which is a result of
normalizing the magnitude of the time-frequency masking
result Q(w, t) in the time direction, where Q(w, t) is calcu-
lated, for example, in Equation [6.8].

Equation [6.11] is used to calculate an L-th power root-
mean value of time envelopes among frequency bins belong-
ing to a set Q by using Q' (w, t) calculated using Equation
[6.10], that is, raise the elements to the L-th power and aver-
age them and, finally, calculate an L-th power root-mean
value, which is, an L-th root value, that is, calculate a refer-
ence signal r(t) by averaging the time envelopes at the respec-
tive frequency bins.

Using the reference signal calculated in this manner, a
sound source extracting filter is generated again.

This sound source extracting filter generation processing is
performed by applying, for example, Equation [3.3].

If the reference signal generated for the second time is
higher in accuracy than that generated first (=closer to the
time envelope of the target sound), a more accurate extraction
result can be obtained.

Further, a loop including the following two steps may be
repeated an arbitrary number of times:

(step 1) Generating reference signal from extraction result

(step 2) Generating extraction result again

If the loop is repeated, computational costs increase; how-
ever, the obtained sound source extraction results can be of
higher accuracy by that much.

(3-6. Processing to Use Singular Value Decomposition in
Estimation of Separation Filter)

The sound source extraction processing having the con-
figuration according to the present disclosure is basically
based mainly on processing (Equation [1.2]) to obtain an
extraction result Y (w, t) by multiplying an observation signal
X(w, t) by an extracting filter W(w). The extracting filter
W(w) is a column vector which consists of n elements and
expressed as Equation [1.3].

As earlier described with reference to Equation [4.1] and
the subsequent, an extracting filter applied in the sound
source extraction processing has been estimated by de-corre-
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lating an observation signal (Equation [4.1]), calculating an
weighted co-variance matrix by using it and a reference signal
(left-hand side of Equation [4.11]), and applying eigenvalue
decomposition to the weighted co-variance matrix (right-
hand side of Equation [4.11]).

This processing can be reduced in computational cost by
using singular value decomposition (SVD) instead of the
eigenvalue decomposition.

The following will describe a method of estimating an
extracting filter by using singular value decomposition.

An observation signal is de-correlated using Equation [4.1]
described above to then generate a matrix C (w) expressed by
Equation [13.1].

o) = X;ET))’ND’ ’X;E;)),NT) [13.1]
C(w) = AWK ()" [13.2]
Al Aw) =1 [13.3]
K K(w) =1 [13.4]

[13.5]

1 H
D(w) = 7 G@)G(w)

A matrix C(w) expressed by Equation [13.1] is referred to
as a weighted observation signal matrix.

That is, the weighted observation signal matrix C(w) is
generated which has, as its weight, a reciprocal of an N-th
power (N is a positive real number) of a reference signal by
using the reference signal and the de-correlated observation
signal.

By performing singular value decomposition on this
matrix, C(w) is decomposed into three matrix products on the
right-hand side of Equation [13.2]. In this Equation [13.2],
A(w) and K(w) are matrixes that satisfy Equations [13.3] and
[13.4] respectively and G(w) is a diagonal matrix including
singular values.

In comparison between Equations [4.11] and [13.2] given
above, they have the same matrix A(w) and there is a relation-
ship of Equation [13.5] between D(w) and G(w). That is, the
same eigenvalue and eigenvector can be obtained even by
using singular value decomposition instead of eigenvalue
decomposition. Since the matrix K(w) is not used in the
subsequent processing, calculation of K(w) itself can be omit-
ted in the singular value decomposition.

In the method of using eigenvalue decomposition of a
weighted co-variance matrix, there is a computational cost of
obtaining co-variance matrix and the waste of not using about
a half of the elements of the thus obtained co-variance matrix
because it is of Hermitian symmetry. In contrast, in the
method of using singular value decomposition of a weighted
observation signal matrix, the calculation of the co-variance
matrix can be skipped and further the unused elements are not
generated.

A description will be given of processing to generate an
extracting filter by using singular value decomposition with
reference to a flowchart of FIG. 19.

Steps S501 through S504 in the flowchart shown in FIG. 19
are the same as steps S301 through S304 of the flowchart
shown in FIG. 16 respectively.

In step S505, a weighted observation signal matrix C(w) is
generated. It is the same as the matrix C(w) expressed by
Equation [13.1] given above.

In the next step of S506, singular value decomposition is
performed on the weighted observation signal matrix C(w)
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calculated in step S505. That is, C(w) is decomposed into
three matrix products on the right-hand side of Equation
[13.2] given above. Further, a matrix D(w) is calculated using
Equation [13.5].

Atthis stage, the same eigenvalue and eigenvector as those
in the case of using eigenvalue decomposition are obtained,
such that in the subsequent steps of S507 through S509, the
same processing as that in steps S307 through S309 in the
flowchart of FIG. 16 described above will be performed. In
such a manner, an extracting filter is generated.

(3-7. Application to Real-time Sound Source Extraction)

The above embodiment has been based on the assumption
that the extraction processing should be performed for each
utterance. That is, after the utterance ends, the waveform of a
target sound is generated by sound source extraction. Such a
method has no problems in the case of being used in combi-
nation with speech recognition etc. but has a problem of delay
in the case of being used in noise cancellation (or speech
emphasis) during speech communication.

However, even with a sound source extraction method by
use of a reference signal according to the present disclosure,
by using a fixed length segment of an observation signal
which is used to generate an extracting filter, it is possible to
generate and output an extraction result with small delay
without waiting for the end of utterance. That is, similar to the
case of the beamformer technology, it is possible to extract
(emphasize) a sound in a specific direction in real time. The
method will be described below.

In the present variant, it is assumed that a sound source
direction 8 may not be estimated for each utterance but be
fixed. Alternatively, a direction specifying device may be
operated by the user to set the sound source direction 6.
Further alternatively, a user’s face image may be detected in
an image acquired with an imaging element (222 in FIG. 9),
to calculate the sound source direction 0 from coordinates of
the detected face image. Furthermore, the image acquired
with the imaging element (222 in FIG. 9) may be displayed on
a display, to permit the user to specify a desired direction in
which a sound source is to be extracted in the image by using
various pointing devices (mouse, touch panel, etc.).

A description will be given of the processing in the present
variant, that is, a real-time sound source extraction processing
sequence to generate and output extraction results with small
delay without waiting for the end of utterance, with reference
to the flowchart of FIG. 20.

In step S601, initial setting processing is performed.

“t” is a frame number, in which O is substituted as an initial
value.

Steps S602 through S607 make up loop processing, denot-
ing that the series of the processing steps will be performed
each time one frame of sound data is input.

In step S602, the frame number t is increased by 1 (one).

In step S603, AD conversion and short-time Fourier trans-
form (STFT) are performed on one frame of sound data.

Short-time Fourier transform (STFT) is the same as the
processing described above with reference to FIG. 10.

One frame of data is, for example, one of frames 301 to 303
shown in FIG. 10, such that by performing windowing and
short-time Fourier transform on it, one frame of spectrum
X,(t) is obtained.

Next, in step S604, the one frame of spectrum X, (t) is
accumulated in an observation signal buffer (for example, an
observation signal buffer 221 in FIG. 9).
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Next, in step S605, it is checked whether a predetermined
number of frames are processed completely.

T'is 1 or larger integer; and

t mod T' is a remainder obtained by dividing the integer t
denoting a frame number by T'.

Those branch conditions denote that sound source extrac-
tion processing in step S606 will be performed once for each
predetermined T' number of frames.

Only if the frame number t is a multiple of T', advances are
made to step S606 and, otherwise, to step S607.

In the sound source extraction processing in step S606, the
accumulated observation signal and sound source direction
are used to extract a target sound. Its details will be described
later.

If the sound source extraction processing in step S606
ends, a decision is made in step S607 as to whether the loop is
to continue; if it is to continue, return is made to step S602.

The value of the frame number T', which is a frequency at
which the extracting filter is updated, is set such that it may be
longer than a time to perform the sound source extraction
processing in step S606. In other words, if a value of the sound
source extraction processing time calculated as the number of
frames is smaller than the update frequency T', itis possible to
perform sound source extraction in real time without increas-
ing delay.

Next, a description will be given in detail of the sound
source extraction processing in step S606 with reference to a
flowchart shown in FIG. 21.

Basically, the flowchart shown in FIG. 21 is mostly the
same in processing as that shown in FIG. 14 described as the
detailed sequence of the sound source extraction processing
in step S104 of the flowchart shown in FIG. 13 above. How-
ever, processing (S205, S206) on a power ratio shown in the
flow of FIG. 14 is omitted.

Further, they are different from each other as to step S704
of extracting filter generation processing and step S705 in the
flowchart shown in FIG. 21 of which segment of observation
signals are to be used in filtering processing.

“Cutting out segment” in step S701 means to cut out a
segment to be used in extracting filter generation from an
observation signal accumulated in the buffer (for example,
221 in FIG. 9). The segment has a fixed length. A description
will be given of the processing to cut out a fixed-length
segment from an observation signal, with reference to FIG.
22.

FIG. 22 shows the spectrogram of an observation signal
accumulated in the buffer (for example, 221 in FIG. 9).

Its horizontal axis gives the frame number and its vertical
axis gives the frequency bin number.

Since one microphone generates one spectrogram, the
buffer actually accumulates n number of (n is the number of
the microphones) spectrograms.

For example, it is assumed that at a point in time when the
segment cutout processing in step S701 is started, the most
recent frame number t of the spectrogram of the observation
signal accumulated in the bufter (for example, 221 in FIG. 9)
is t850 in FIG. 22.

Strictly describing, at this point in time, there is no spec-
trogram to the right of frame number t850.

Let T be the number of frames of observation signals which
are used in extracting filter generation. T may be set to a value
different from that of T' applied in the flowchart of FIG. 20
above, that is, the prescribed number of frames T' as a unit in
which the sound source extraction processing is performed
once.

Hereinafter, it is assumed that T>T', where T is the number
of frames of an observation signal which is used in extracting
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filter generation. For example, T is set to three seconds (T=3
s)and T" is set to 0.25 second (T'=0.25 s).

The segment of the length T having frame number t 850
shown in FIG. 22 as its end is expressed by a spectrogram
segment 853 shown in FIG. 22.

In the segment cutout processing in step S701, an observa-
tion signal’s spectrogram corresponding to the relevant seg-
ment is cut out.

After the segment cutout processing in step S701, steering
vector generation processing is performed in step S702.

Itis the same as the processing in step S202 in the flowchart
of FIG. 14 described above. However, the sound source direc-
tion 0 is assumed to be fixed in the present embodiment, such
that as long as 0 is the same as the previous one, this process-
ing can be skipped to continue to use the same steering vector
as the previous one.

Time-frequency mask generation processing in the next
step of S703 is also basically the same as the processing in
step S203 of the flowchart in FIG. 14. However, the segment
of an observation signal used in this processing is spectro-
gram segment 853 shown in FIG. 22.

Extracting filter generation processing in step S704 is also
basically the same as the processing in step S204 of the
flowchart in FIG. 14; however, the segment of an observation
signal used in this processing is spectrogram segment 853
shown in FIG. 22.

That is, the following processing items in the flow shown in
FIG. 16 described above are all performed using an observa-
tion signal in spectrogram segment 853 shown in FIG. 22:

reference signal generation processing in step S301 or
S303;

de-correlation processing in step S304;

calculation of a co-variance matrix in step S305; and

re-scaling in step S308

In step S705, the extracting filter generated in step S704 is
applied to an observation signal in a predetermined segment
to thereby generate a sound source extraction result.

The segment of an observation signal to which the filter is
applied need not be the entirety of spectrogram segment 853
shown in FIG. 22 but may be spectrogram segment difference
854, which is a difference from the previous spectrogram
segment 852.

This is because in the previous filtering to spectrogram
segment 852, the extracting filter is applied to a portion of
spectrogram segment 853 shown in FIG. 22 other than spec-
trogram segment difference 854, such that an extraction result
corresponding to this portion is obtained already.

Masking processing in step S706 is also performed on a
segment of spectrogram difference 854. The masking pro-
cessing in step S706 can be omitted similar to the processing
in step S208 of the flow in FIG. 14.

It is the end of description on the variant of real-time sound
source extraction.

[4. Summary of Effects of Processing According to the
Present Disclosure]

The sound signal processing of the present disclosure
enables extracting a target sound at high accuracy even in a
case where an error is included in an estimated value of a
sound source direction of the target sound. That is, by using
time-frequency masking based on a phase difference, a time
envelope of the target sound can be generated at high accu-
racy even if the target sound direction includes an error; and
by using this time envelope as a reference signal, the target
sound is extracted at high accuracy.
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Merits over various extraction methods and separation
methods are as follows.

(a) In comparison to a minimum variance beamformer and
a Griffith-Jim beamformer,

the present disclosure is not subject to an error in the target
sound’s direction. That is, reference signal generation by use
of a time-frequency mask involves generation of almost the
same reference signal (time envelope) even with an error in
the target sound’s direction, such that an extracting filter
generated from the reference signal is not subject to the error
in the direction.

(b) In comparison to independent component analysis in
batch processing,

the present disclosure can obtain an extracting filter with-
out iterations by using eigenvalue decomposition etc. and
needs fewer computational costs (=small delay).

Because of one-channel outputting, there is no mistaking in
selection of the output channel.

(¢) In comparison to real-time independent component
analysis and one-line algorithm independent component
analysis,

the present disclosure obtains an extracting filter by using
an entirety of an utterance segment, such that results extracted
at high accuracy can be obtained from the start of the segment
through the end thereof.

Moreover, because of one-channel outputting, there is no
mistaking in selection of the output channel.

(d) In comparison to time-frequency masking,

the present disclosure gives a linear type extracting filter,
such that musical noise is not liable to occur.

(e) In comparison to null beamformer and GSS,

The present disclosure enables extraction even if the direc-
tion of a target sound is not clear as long as at least the
direction of a target sound can be detected. That is, the target
sound can be extracted athigh accuracy even ifthe segment of
an interference sound cannot be detected or its direction is not
clear.

Furthermore, by combining the present disclosure with a
sound segment detector which can accommodate a plurality
of sound sources and is fitted with a sound source direction
estimation function, recognition accuracy is improved in a
noise environment and an environment of a plurality of sound
sources. That is, even in a case where speech and noise over-
lap with each other time-wise or a plurality of persons uttered
simultaneously, the plurality of sound sources can be
extracted as long as they occur in the different directions,
thereby improving accuracy of speech synthesis.

Furthermore, to confirm effects of the sound source extrac-
tion processing according to the above-described present dis-
closure, evaluation experiments were conducted. The follow-
ing will describe a procedure and effects of the evaluation
experiments.

First, data of an evaluation sound was included. The includ-
ing environment is shown in FIG. 23. A target sound and an
interference sound were replayed from loud-speakers 901
through 903 set to three places, while a sound was included
using four microphones 920 spaced at an interval of 5 cm. The
target sound was speech and included 25 utterances by one
male person and 25 utterances by one female person. The
utterances averaged about 1.8 seconds (225 frames). Three
interference sounds were used: music, speech (by the difter-
ent loud-speaker from the target sound), and street noise
(sound of streets with flow of people and cars).

the reverberation time of a room in which the evaluation
sound data was recordeed was about 0.3 second. Further,
recording and short-time Fourier transform (STFT) were set
as follows.
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Sampling rate: 16 [kHz]

STFT window type: Hanning window

Window length: 32 [ms] (512 points)

Shift width: 8 [ms] (128 points)

Number of frequency bins: 257

The target sound and the interference sound were recorded
separately from each other and mixed in a computer later to
thereby generate a plurality of types of observation signals to
be evaluated. Hereinafter, they are referred to as “mixed
observation signals”.

The mixed observation signals are roughly classified into
the following two groups based on the number of the inter-
ference sounds.

(1) In the case of one interference sound: The target sound
was replayed from one of the three loud-speakers A901
through C903 and the interference sound was replayed from
one of the remaining two and they were mixed.

There are 3 (number of target sound positions)x50 (number
of utterances)x2 (number of interference sound positions)x3
(number of types of the interference sound)=900 cases.

(2) In the case of two interference sounds: The target sound
was replayed from the loud-speaker A901 out of the three
loud-speakers A901 through C903 and one interference
sound was replayed from the loud-speaker B902 and the other
was replayed from the loud-speaker C903 and they were
mixed.

There are 1 (number oftarget sound positions)x50 (number
of utterances)x2 (number of interference sound positions)x3
(number of types of one interference sound)x2 (number of
types of the other interference sound)=600 cases.

In the present experiments, the mixed observation signal
was segmented for each utterance, such that “utterance” and
“segment” have the same meaning.

For comparison, the following four methods were prepared
and sound extraction was performed for each of them.

(1) (Method 1 of the present disclosure) A delay-and-sum
array was used to generate a reference signal (by using Equa-
tion [12.1] and the following Equation [14.1]).

(2) (Method 2 of the present disclosure) A target sound
itself was used to generate a reference signal (by using the
following Equation [14.2], where h(w, t) is the target sound in
the time-frequency domain).

(3) (Conventional method) Delay-and-sum array: Extrac-
tion was performed using Equation [2.1].

(4) (Conventional method) Independent component analy-
sis: Method disclosed in Japanese Patent Application Laid-
Open No. 2006-238409 “Speech Signal separation Device,
and Noise Cancellation device and Method”

[14.1]

=20 z>|2)”2
"o = (Z (e, nP)”Z

w

[14.2]

The above “(2) (Method 2 of the present disclosure)” was
used to evaluate to what extent the sound source extraction
performance is obtained in a case where an ideal reference
signal is obtained.

The above “(4) (Conventional method) Independent com-
ponent analysis” is time-frequency domain independent com-
ponent analysis according to a method not subject to permu-
tation problems disclosed in Japanese Patent Application
Laid-Open No. 2006-238409.
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In the experiments, a matrix W(w) to separate a target
sound was obtained by iterating the following Equations
[15.1] to [15.3] by 200 times:

Y(w, )= WX (w,D=1,...,T) [15.1]
AW(@) = I +{eu(Y ()Y (@, D) }W(w) (15.2]
W(w) « W(w)+nAW(w) [15.3]
Yi(l, 1) [15.4]
Yim, 1) Yi(0)
Y1) = : = \ : ]
Y, (1, D Y (@)
Yo(m, 1)
@ (Y1(D) [15.5]
@Y (D) = :
@0 (Ya(D)
Y (w, 15.6
puYe(0) =~ 2D L1361

| 5 Wetw o

In Equation [15.2] Y(t) is a vector defined by Equation
[15.4] and ¢,(®) is a function defined by Equations [15.5]
and [15.6]. Further, 1) is referred to as a learning rate and its
value 0.3 was used in the experiments. Since independent
component analysis involves generation of n number of sig-
nals as the results of separation, such that the separation
results closest to the direction of the target sound were
employed as the extraction results of the target sound.

The extraction results by the respective methods were mul-
tiplied by a resealing factor g(w) calculated using Equation
[8.4] described above so as to adjust magnitude and phase. In
Equation [8.4], i=1 was set. It means that the sound source
extraction results were projected onto microphone #1 in FIG.
23. After resealing, the extraction results by the respective
methods were converted into waveforms by using inverse
Fourier transform.

To evaluate the degree of extraction, a power ratio between
the target sound (signal) and the interference sound (interfer-
ence) was used for each of the extraction results. Specifically,
a signal-to-interference ratio (SIR) was calculated. It is a
logarithmic value of the power ratio between the target sound
(signal) and the interference sound (interference) in the
extraction results and given in dB units. The SIR value was
calculated for each segment (=utterance) and its average was
calculated. The averaging was performed for each of the
interference sound types.

A description will be given of the degree of improvements
in average SIR for each of the methods with reference to a
table shown in FIG. 24.

Inthe case of interference sound, one of speech, music, and
street noise was used as the interference sound.

In the case of two interference sounds, a combination of
two of speech, music, and street noise was used.

The table shown in FIG. 24 shows a signal-to-interference
ratio (SIR), which is a logarithmic value (dB) of the power
ratio between the target sound (signal) and the interference
sound (interference) in cases where the sound source extrac-
tion processing was performed according to the methods (1)
through (4) by using those various interference sounds.



US 9,318,124 B2

47

In the table shown in FIG. 24, “Observation signal SIR” at
the top gives an average SIR of the mixed observation signals.
Values in (1) through (4) below it give the degree of improve-
ments in SIR, that is, a difference between the average SIR of
the extraction results and the SIR of the mixed observation
signals.

For example, value “4.10” shown in “Speech” in (1)
“Method 1 of the present disclosure” shows that the SIR was
improved from 3.65 [dB] to 3.65+4.10=7.75 [dB].

In the table shown in FIG. 24, the row of “(3) Delay-and-
sum array”, which is a conventional method, shows that the
SIR improvement degree is about 4 [dB] at the maximum and,
therefore, is of only such an extent as to emphasize the target
sound somewhat.

“(1) Method 1 of the present disclosure”, which generated
a reference signal by using such a delay-and-sum array and
extracted a target sound by using it, shows that the SIR
improvement degree is much higher than that of the delay-
and-sum array.

Comparison between “(1) Method 1 of the present disclo-
sure” and “(4) Independent component analysis”, which is a
conventional method, shows that “(1) Method 1 of the present
disclosure” gives at least almost the same SIR improvement
degree as that by “(4) Independent component analysis”
except for the case of one asking sound (music).

In “(4) Independent component analysis”, the SIR
improvement degree is lower in the case of two interference
sounds other than in the case of one interference sound, which
may be considered because an extremely low value (mini-
mum value is 0.75 s) is included in the valuation data to lower
the SIR improvement degree.

To perform sufficient separation in independent compo-
nent analysis, it is necessary to secure an observation signal
over a certain length of segment, which length increases as the
number of the sound sources increases. It is considered to
have caused an extreme decrease in SIR improvement degree
in the case of “Two interference sounds” (=three sound
sources). The method by the present disclosure does not suf-
fer from such an extreme decrease even in the case of “two
interference sounds”. It is a merit of the processing by the
present disclosure in comparison to independent component
analysis.

“(2) Method 2 of the present disclosure” gives an SIR
improvement degree in a case where an ideal reference signal
was obtained and is considered to denote an upper limit of the
extraction performance of the method by the present disclo-
sure. The case of one interference sound and all of the cases of
two interference sounds show much higher SIR improvement
degrees than the other methods. That is, they show that by the
sound source extraction method according to the processing
of the present disclosure expressed by Equation [3.3], the
higher the reference signal’s accuracy is (the more it is similar
to the target sound’s time envelope), the higher-accuracy
extraction can be performed.

Next, to estimate differences in computational cost, the
average CPU time was measured which was used in process-
ing to extract one utterance (about 1.8 s) according to the
respective methods. The results are shown in FIG. 25.

FIG. 25 shows the average CPU times used in the process-
ing to extract one utterance (about 1.8 s) according to the
following three methods:

a method by the present disclosure;

a method using a delay-and-sum array, which is a conven-
tional method; and

a method using independent component analysis, which is
a conventional method.
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In all of the methods, the “matlab” language was used in
implementation and executed in an “AMD Opteron 2.6 GHz”
computer. Further, short-time Fourier transform, resealing,
and inverse Fourier transform which were common to all of
the methods were excluded from measurement time. Further,
the proposed method used eigenvalue decomposition. That is,
the method referred to in the variant based on singular value
decomposition was not used.

As may be understood in FI1G. 25, the method of the present
disclosure required time more than a conventional method of
delay-and-sum array but performed extraction in a fiftieth or
less of the time required by independent component analysis.
This is because independent component analysis requires
iterative process and a computational cost proportional to the
number of times of repeating, whereas the method of the
present disclosure can be solved in a closed form and does not
require repeated processing.

Discussion of the extraction accuracy and the processing
time in combination found that the method of the present
disclosure (method 1) requires a fiftieth or less of computa-
tional costs by independent component analysis but has at
least the same resolution performance as it.

[5. Summary of the Configuration of the Present Disclo-
sure]|

Hereinabove, the embodiments of the present disclosure
have been described in detail with reference to a specific
embodiment. However, it is clear that those skilled in the art
can modify or replace the embodiments without departing
from the gist of the present disclosure. That is, the present
disclosure has been described in an exemplification form and
should not be understood restrictively. To understand the gist
of the present disclosure, allowance should be made for the
claims.

Additionally, the present technology may also be config-
ured as below.

1

A sound signal processing device including:

an observation signal analysis unit for receiving a plurality
of channels of sound signals acquired by a sound signal input
unit composed of a plurality of microphones mounted to
different positions and estimating a sound direction and a
sound segment of a target sound to be extracted; and

a sound source extraction unit for receiving the sound
direction and the sound segment of the target sound analyzed
by the observation signal analysis unit and extracting a sound
signal of the target sound, wherein

the observation signal analysis unit has:

a short-time Fourier transform unit for applying short-time
Fourier transform on the incoming multi-channel sound
signals to thereby generate an observation signal in the
time-frequency domain; and

a direction-and-segment estimation unit for receiving the
observation signal generated by the short-time Fourier
transform unit to thereby detect the sound direction and
the sound segment of the target sound; and

the sound source extraction unit generates a reference sig-
nal which corresponds to a time envelope denoting changes of
the target’s sound volume in the time direction based on the
sound direction and the sound segment of the target sound
incoming from the direction-and-segment estimation unit and
extracts the sound signal of the target sound by utilizing this
reference signal.

@

The sound signal processing device according to (1),

wherein the sound source extraction unit generates a steer-
ing vector containing phase difference information between
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the plurality of microphones for obtaining the target sound
based on information of a sound source direction of the target
sound and has:

a time-frequency mask generation unit for generating a
time-frequency mask which represents similarities between
the steering vector and the information of the phase difference
calculated from the observation signal including an interfer-
ence sound, which is a signal other than a signal of the target
sound;

a reference signal generation unit for generating the refer-
ence signal based on the time-frequency mask.

3)

The sound signal processing device according to (2),

wherein the reference signal generation unit generates a
masking result of applying the time-frequency mask to the
observation signal and averaging time envelopes of frequency
bins obtained from this masking result, thereby calculating
the reference signal common to all of the frequency bins.
“4)

The sound signal processing device according to (2),

wherein the reference signal generation unit directly aver-
ages the time-frequency masks between the frequency bins,
thereby calculating the reference signal common to all of the
frequency bins.
®)

The sound signal processing device according to (2),

wherein the reference signal generation unit generates the
reference signal in each frequency bin from the masking
result of applying the time-frequency mask to the observation
signal or the time-frequency mask.

(6)

The sound signal processing device according to any one of
(2) o0 (),

wherein the reference signal generation unit gives different
time delays to the different observation signals at each micro-
phone in the sound signal input unit to align the phases of the
signals arriving in the direction of the target sound and gen-
erates the masking result of applying the time-frequency
mask to a result of a delay-and-sum array of summing up the
observation signals, and obtains the reference signal from this
masking result.

O

The sound signal processing device according to any one of
(1) to (6),

wherein the sound source extraction unit has a reference
signal generation unit that:

generates the steering vector including the phase difter-
ence information between the plurality of microphones
obtaining the target sound, based on the sound source direc-
tion information of the target sound; and

generates the reference signal from the processing result of
the delay-and-sum array obtained as a computational pro-
cessing result of applying the steering vector to the observa-
tion signal.
®

The sound signal processing device according to any one of
(D to (7),

wherein the sound source extraction unit utilizes the target
sound obtained as the processing result of the sound source
extraction processing as the reference signal.
®

The sound signal processing device according to any one of
(1 to (8),

wherein the sound source extraction unit performs loop
processing to generate an extraction result by performing the
sound source extraction processing, generate the reference
signal from this extraction result, and perform the sound
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source extraction processing again by utilizing this reference
signal an arbitrary number of times.
(10)

The sound signal processing device according to any one of
(1) to (9),

wherein the sound source extraction unit has an extracting
filter generation unit that generates an extracting filter to
extract the target sound from the observation signal based on
the reference signal.
1D

The sound signal processing device according to (10),

wherein the extracting filter generation unit performs
eigenvector selection processing to calculate a weighted co-
variance matrix from the reference signal and the de-corre-
lated observation signal and select an eigenvector which pro-
vides the extracting filter from among a plurality of the
eigenvectors obtained by applying eigenvector decomposi-
tion to the weighted co-variance matrix.
(12)

The sound signal processing device according to (11),

wherein the extracting filter generation unit

uses a reciprocal of the N-th power (N: positive real num-
ber) of the reference signal as a weight of the weighted co-
variance matrix; and

performs, as the eigenvector selection processing, process-
ing to select the eigenvector corresponding to the minimum
eigenvalue and provide it as the extracting filter.
(13)

The sound signal processing device according to (11),

wherein the extracting filter generation unit

uses the N-th power (N: positive real number) of the refer-
ence signal as a weight of the weighted co-variance matrix;
and

performs, as the eigenvector selection processing, process-
ing to select the eigenvector corresponding to the maximum
eigenvalue and provide it as the extracting filter.
14

The sound signal processing device according to (11),

wherein the extracting filter generation unit performs pro-
cessing to select the eigenvector that minimizes a weighted
variance of an extraction result Y which is a variance of a
signal obtained by multiplying the extraction result by, as a
weight, a reciprocal of the N-th power (N: positive real num-
ber) of the reference signal and provide it as the extracting
filter.
(15)

The sound signal processing device according to (11),

wherein the extracting filter generation unit performs pro-
cessing to select the eigenvector that maximizes a weighted
variance of an extraction result Y which is a variance of a
signal obtained by multiplying the extraction result by, as a
weight, the N-th power (N: positive real number) of the ref-
erence signal and provide it as the extracting filter.
(16)

The sound signal processing device according to (11),

wherein the extracting filter generation unit performs, as
the eigenvector selection processing, processing to select the
eigenvector that corresponds to the steering vector most
extremely and provide it as the extracting filter.
a7

The sound signal processing device according to (10),

wherein the extracting filter generation unit performs
eigenvector selection processing to calculate a weighted
observation signal matrix having a reciprocal of the N-th
power (N: positive integer) of the reference signal as its
weight from the reference signal and the de-correlated obser-
vation signal and select an eigenvector as the extracting filter



US 9,318,124 B2

51

from among the plurality of eigenvectors obtained by apply-
ing singular value decomposition to the weighted observation
signal matrix.

(18)

A sound signal processing device including a sound source
extraction unit that receives sound signals of a plurality of
channels acquired by a sound signal input unit including a
plurality of microphones mounted to different positions and
extracts the sound signal of a target sound to be extracted,
wherein the sound source extraction unit generates a refer-
ence signal which corresponds to a time envelope denoting
changes of the target’s sound volume in the time direction
based on a preset sound direction of the target sound and a
sound segment having a predetermined length and utilizes
this reference signal to thereby extract the sound signal of the
target sound in each of the predetermined sound segment.

Further, a processing method that is executed in the above-
described apparatus and the system, and a program causing
the processing to be executed are also included in the con-
figuration of the present disclosure.

Further, the series of processing pieces described in the
specification can be performed by hardware, software, or a
composite configuration of them. In the case of performing
the processing by the software, a program in which a
sequence of the processing can be recorded is installed in a
memory of a computer incorporated in dedicated hardware
and executed or installed in a general-purpose computer
capable of performing various types of processing and
executed. For example, the program can be recorded in a
recording medium beforehand. Besides being installed in the
computer from the recording medium, the program can be
received through a local area network (LAN) or a network
such as the internet and installed in a recording medium such
as a built-in hard disk.

The variety of processing pieces described in the specifi-
cation may be performed in chronological order as described
in it as well as concurrently or individually depending on the
processing capacity of the relevant apparatus or as necessary.
Further, the “system” in the present specification refers to a
logical set configuration of a plurality of devices and is not
limited to the various configuration of devices mounted in the
same cabinet.

As described hereinabove, by the configuration of one
embodiment of the present disclosure, a device and method is
realized for extracting a target sound from a sound signal in
which a plurality of sounds are mixed.

Specifically, the observation signal analysis unit receives
multi-channel sound signals acquired by the sound signal
input unit composed of a plurality of microphones mounted to
the different positions and estimates a sound direction and a
sound segment of a target sound to be extracted and then the
sound source extraction unit receives the sound direction and
the sound segment of the target sound analyzed by the obser-
vation signal analysis unit to extract the sound signal of the
target sound.

For example, by applying short-time Fourier transform on
the incoming multi-channel sound signals to generate an
observation signal in the time-frequency domain, and based
on the observation signal, a sound direction and a sound
segment of a target sound are detected. Further, based on the
sound direction and the sound segment of the target sound, a
reference signal corresponding to a time envelope denoting
changes of the target’s sound volume in the time direction is
generated and utilized to extract the sound signal of the target
sound.

The present disclosure contains subject matter related to
that disclosed in Japanese Priority Patent Application JP
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2011-092028 filed in the Japan Patent Office on Apr. 18,
2011, the entire content of which is hereby incorporated by
reference.

What is claimed is:

1. A sound signal processing device comprising:

one or more processors configured to:

receive a plurality of sound signals from a plurality of
microphones mounted at different positions, to esti-
mate a sound direction and a sound segment of a target
sound to be extracted;

apply a short-time Fourier transform on the plurality of
sound signals to generate an observation signal in a
time-frequency domain,

wherein the sound direction and the sound segment of
the target sound is estimated based on the observation
signal;

generate a reference signal which corresponds to a time
envelope denoting changes of sound volume of the
target sound in a time direction based on the sound
direction and the sound segment of the target sound,
wherein the time envelope is generated based on a
phase difference between the plurality of micro-
phones; and

extract a sound signal of the target sound by utilizing the
reference signal.

2. The sound signal processing device according to claim 1,
wherein the one or more processors are further configured to:

generate a steering vector containing phase difference

information between the plurality of microphones for
obtaining the target sound based on information of a
sound source direction of the target sound;

generate a time-frequency mask which represents similari-

ties between the steering vector and the phase difference
calculated from the observation signal including an
interference sound, which is a signal other than a signal
of the target sound; and

generate the reference signal based on the time-frequency

mask.

3. The sound signal processing device according to claim 2,
wherein the one or more processors are further configured to
generate a masking result of applying the time-frequency
mask to the observation signal and averaging time envelopes
of frequency bins obtained from the masking result, thereby
calculating the reference signal common to all the frequency
bins.

4. The sound signal processing device according to claim 3,
wherein the one or more processors are further configured to
directly average time-frequency masks between the fre-
quency bins, thereby calculating the reference signal com-
mon to all the frequency bins.

5. The sound signal processing device according to claim 3,
wherein the one or more processors are further configured to
generate the reference signal in each of the frequency bins
from the masking result of applying the time-frequency mask
to the observation signal or the time-frequency mask.

6. The sound signal processing device according to claim 3,
wherein the one or more processors are further configured to
assign different time delays to different observation signals at
each of the plurality of microphones to align phases of the
plurality of sound signals arriving in the sound direction of
the target sound and generate the masking result of applying
the time-frequency mask to a result of a delay-and-sum array
of summing up the different observation signals, and obtain
the reference signal from the masking result.

7. The sound signal processing device according to claim 6,
wherein the one or more processors are further configured to:
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generate the steering vector including the phase difference
information between the plurality of microphones
obtaining the target sound, based on the sound source
direction information of the target sound; and

generate the reference signal from the result of the delay-

and-sum array obtained as a computational processing
result of applying the steering vector to the observation
signal.

8. The sound signal processing device according to claim 2,
wherein the one or more processors are further configured to
generate an extracting filter to extract the target sound from
the observation signal based on the reference signal.

9. The sound signal processing device according to claim 8,
wherein the one or more processors are further configured to
perform:

an eigenvector selection processing to calculate a weighted

co-variance matrix from the reference signal and a de-
correlated observation signal and select an eigenvector
which provides the extracting filter from a plurality of
eigenvectors obtained by applying an eigenvector
decomposition to the weighted co-variance matrix.

10. The sound signal processing device according to claim
9, wherein the one or more processors are further configured
to

use areciprocal of the N-th power (N: positive real number)

of the reference signal as a weight of the weighted co-

variance matrix; and

perform, as the eigenvector selection processing, pro-
cessing to select the eigenvector corresponding to a
minimum eigenvalue and provide the eigenvector as
the extracting filter.

11. The sound signal processing device according to claim
9, wherein the one or more processors are further configured
to:

use the N-th power (N: positive real number) of the refer-

ence signal as a weight of the weighted co-variance
matrix; and

perform, as the eigenvector selection processing, process-

ing to select the eigenvector corresponding to a maxi-
mum eigenvalue and provide the eigenvector as the
extracting filter.

12. The sound signal processing device according to claim
9, wherein the one or more processors are further configured
to perform processing to select the eigenvector that mini-
mizes a weighted variance of an extraction result Y which is
a variance of a signal obtained by multiplying the extraction
result by, as a weight, a reciprocal of the N-th power (N:
positive real number) of the reference signal and provide the
eigenvector as the extracting filter.

13. The sound signal processing device according to claim
9, wherein the one or more processors are configured to
perform processing to select the eigenvector that maximizes a
weighted variance of an extraction result Y which is a vari-
ance of a signal obtained by multiplying the extraction result
by, as a weight, the N-th power (N: positive real number) of
the reference signal and provide the eigenvector as the
extracting filter.

14. The sound signal processing device according to claim
9, wherein the one or more processors are configured to
perform, as the eigenvector selection processing, a processing
to select the eigenvector that corresponds to the steering vec-
tor and provide the eigenvector as the extracting filter.

15. The sound signal processing device according to claim
9, wherein the one or more processors are configured to
perform the eigenvector selection processing to calculate a
weighted observation signal matrix having a reciprocal of the
N-th power (N: positive integer) of the reference signal as a
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weight from the reference signal and the de-correlated obser-
vation signal and select the eigenvector as the extracting filter
from the plurality of eigenvectors obtained by applying sin-
gular value decomposition to the weighted observation signal
matrix.
16. The sound signal processing device according to claim
1, wherein the one or more processors are further configured
to utilize the target sound obtained as a processing result of a
sound source extraction processing as the reference signal.
17. The sound signal processing device according to claim
1, wherein the one or more processors are further configured
to:
perform loop processing to generate an extraction result by
performing a sound source extraction processing, gen-
erate the reference signal from the extraction result, and
perform the sound source extraction processing again by
utilizing the reference signal an arbitrary number of
times.
18. The sound signal processing device according to claim
1, wherein the one or more processors are further configured
to:
generate a time-frequency mask representing similarities
between a steering vector, containing phase difference
information between the plurality of microphones based
on information of a sound source direction of the target
sound, and the phase difference calculated from the
observation signal; and
apply the time-frequency mask to the observation signal by
multiplying different frequencies present in the obser-
vation signal, with different predetermined coefficients,
wherein the predetermined coefficients change with
respect to time.
19. A sound signal processing device comprising:
one or more processors configured to:
receive a plurality of sound signals from a plurality of
microphones mounted at different positions, to extract a
sound signal of a target sound to be extracted,
generate a reference signal which corresponds to a time
envelope denoting changes of sound volume of the target
sound in a time direction based on a preset sound direc-
tion of the target sound and a sound segment having a
predetermined length, and utilize the reference signal to
extract the sound signal of the target sound in the sound
segment, wherein the time envelope is generated based
on a phase difference between the plurality of micro-
phones.
20. A sound signal processing method performed in a
sound signal processing device, the method comprising:
receiving a plurality of sound signals from a plurality of
microphones mounted at different positions, to estimate
a sound direction and a sound segment of a target sound
to be extracted;
applying a short-time Fourier transform on the plurality of
sound signals to generate an observation signal in a
time-frequency domain,
wherein the sound direction and the sound segment of the
target sound is estimated based on the observation sig-
nal;
generating a reference signal which corresponds to a time
envelope denoting changes of sound volume of the target
sound in a time direction based on the sound direction
and the sound segment of the target sound, wherein the
time envelope is generated based on a phase difference
between the plurality of microphones; and
extracting a sound signal of the target sound by utilizing the
reference signal.
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21. A non-transitory computer-readable medium having
computer-executable instructions stored thereon, the instruc-
tions, when executed by one or more processors, causing the
one or more processors to:

receive a plurality of sound signals from a plurality of

microphones mounted at different positions, to estimate
a sound direction and a sound segment of a target sound
to be extracted;

apply a short-time Fourier transform on the plurality of

sound signals to generate an observation signal in a
time-frequency domain,

wherein the sound direction and the sound segment of the

target sound is estimated based on the observation sig-
nal;

generate a reference signal which corresponds to a time

envelope denoting changes of sound volume of the target
sound in a time direction based on the sound direction
and the sound segment of the target sound, wherein the
time envelope is generated based on a phase difference
between the plurality of microphones; and

extract a sound signal of the target sound by utilizing the

reference signal.
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